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FOREWORD 

The marketing director of a major sampler manufacturer once told me that 
only five to ten percent of sampler owners actually sample their own sounds, 
yet few people will buy a playback-only sampler. Perhaps many sampler 
owners would like to capture their own sounds, but become discouraged after 
a few fruitless sampling sessions. 

This is a shame. Sure, sampling requires a certain understanding of the 
mechanics of sound and a familiarity with one's sampler, but beyond these 
modest hurdles, sampling is an art. In The Sampling Book, Steve and Joe 
have balanced these elements perfectly. Their explanations of technical 
issues are clear, accurate, and very readable. But most important, they 
demystify the technical while inspiring the creative. Although I have used 
samplers for years, the book's excellent experiments motivated me to explore 
several entirely new ideas. Samplers can produce an unlimited variety of 
sound via the synergy of natural sound and electronic processing. You can 
never exhaust the possibilities. 

Good music is a creative expression of individuality— if you strive for originality 
in your musical performance, why use the same canned factory samples that 
hundreds of other sample-phobes use? The effort you put into sampling will 
pay dividends in a library of sounds that are uniquely yours. Of course, many 
sampling sessions may not pan out, but when you do capture that moment of 
musical magic-the perfect tone or the ultimate cymbal crash-it's yours forev- 
er on a small piece of iron coated plastic called a floppy disk. 

Some day, when I call that marketing guy back, I'd like to hear him say that 
they've revised their estimates-only five to ten percent of sampler owners 
don't sample their own sounds. And I'd also like to think that Steve and Joe's 
excellent book had something to do with the shift. The Sampling Book is a 
great cure for the fear of sampling. 

Peter Gotcher 

As President and Co-Founder of Degidesign, Peter Gotcher has worked 
extensively with virtually every sampler on the market. He is also a record- 
ing engineer and a musician. Peter writes a monthly column on sampling in 
Keyboard magazine as well. 














; | .. 'v.. 



3 


AUTHOR’S NOTES 


Apply The Technology 

This book was specifically designed not only to present an explanation of how 
and why this technology works but to give the artist useful applications for 
creating with today's samplers. Far too many times we all become lost in 
conquering the technology rather than learning how to apply it creatively. As 
you read through this material and begin to experiment with your new found 
knowledge, remember that the end result should be music, not a demonstra- 
tion of the equipment's potential. By virtue of the quality and diversity of the 
sounds these instruments can produce, sampling can become one of the 
most powerful and expressive tools a musician can possess. 

Many of the techniques and functions that are explained here are meant to be 
a starting point for creating with this new technology. Since sampling is rela- 
tively new, we have only just begun to explore its musical properties. So, as 
you learn your way around this technology, always keep in mind the musical 
applications to which this new knowledge can be applied. 

I wish to thank my wife Diana and my two daughters, Valerie and Dominique,, 
without whose patience and understanding I would have never found the time 
or inspiration to continue writing. 

Joe Scacciaferro 
Fall, 1987 
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How We Did It 


Joe and I are frequently asked about the techniques and tools we use to cre- 
ate our books, so let me take a minute or two here to explain briefly how we 
put this project together. One of the more interesting things about this partic- 
ular production was seeing how closely intertwined the technologies we use 
to produce words, music, and images are becoming. I've always felt that the 
creative processes involved were very similar. It's just that the tools used by 
the writer, musician, and artist are so very different. At one point, deep in the 
middle of this book, Joe and I realized that we were, to a large extent, using 
our computers, musical instruments, and their supporting software inter- 
changeably. Here we were using musical instruments to generate illustra- 
tions for the book and using our computers to generate and modify sounds 
for our music. Our trusty spread sheet (an indispensable business tool) 
turned out to be perfect for keeping track of the optimum settings we needed 
during our sampling sessions. Our research into sampling technology left us 
well prepared for our first work with the optical scanning system we now use 
for much of our graphic work. (After all, scanning is simply the optical equiva- 
lent to sampling.) 

We've been using Macintosh based "desktop-publishing" systems on our last 
few books, but this is the first one we've done where literally every phase of 
the project was done right on the desktop. Manuscript preparation, illustra- 
tions, page layout, etc., were all done using the Mac and various application 
programs. In musicians’ terms, it was like going "direct to disk." Joe and I 
submitted our materials on disk to 3rd Earth Publishing (our publisher). 

Perhaps the most satisfying aspect of the production phase for me was using 
much of our music equipment and software to produce many of the illustra- 
tions in the book. For example, all of the waveform images on these pages 
were originally samples we made with an Akai S-900, Casio FZ-1, or Emu 
Emax. Depending on the illustration, the source material was either sampled 
live or direct from a Sound Ideas CD library disk. From there, the sample was 
uploaded into the Mac, using Degidesign's Sound Designer to get the basic 
image. Next, the Sound Designer screen was transferred to Comic Works 
where it could be retouched with an airbrush that sprays pixels, reduced or 
enlarged, and cropped to fit the final design. Finally, the modified waveform 
image was incorporated into Cricket Draw illustration and any additional 
imagery was added from there. We also sampled graphic elements in some 
illustrations and the cover with an optical scanner. (What could be more 
appropriate in a book about sampling?) 

As of this project, I find I can go from my music room to my writer's loft, and 
from there to my art studio and back again without leaving the room. Indeed, 
without even leaving my seat! As a result, my work (and play) in all three 
endeavors has been enriched. I hope you see that reflected in the following 
pages. 

Steve De Furia 
Fall, 1987 
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ABOUT THE FERRO MUSIC 
TECHNOLOGY SERIES 

The fact that you have picked this book off the shelf means you are either 
already involved with music technology or are considering taking the plunge. 
In either case, we're sure the deeper your involvement, the more questions 
you'll undoubtedly have. Even the term music technology may be confusing 
to you. 

Ferro Technologies, combined talents a few years ago with 3rd Earth 
Publishing and the Hal Leonard Publishing Corporation, in an effort to help 
eliminate this confusion. Out of our efforts came the idea of a continuing 
series of music technology books. This series is an on going effort. It will 
constantly provide musicians with a single and complete music technology 
resource. Each book in the series covers a specific subject in its entirety. It 
not only reveals the information necessary to master the subject but also 
relates all this information to practical musical applications. 

No single book could cover the musical uses of Sampling and MIDI and 
Synthesis in sufficient detail to be useful, so we've dedicated a book to each 
topic. There are, however, many instances when the topics overlap. The 
books in our series were written to interact with each other. You'll find, for 
example, that when your interest in sampling leads you in the direction of 
MIDI and/or synthesis, Ferro has the bases covered! What's more, you'll find 
that the related books are written in the same, music oriented, easy-to-read 
style. 


The Ferro Music Technology Series 


The Secrets of Analog 
and Digital Synthesis 


The Three Building Blocks of 
Sound 

How All Synthesizers Are 
Alike 

Programming Methods For 
All Synthesizers 

FM Synthesis De Mystified 


i ^ 

The MIDI Book 


The Sampling Book 


The Origins of MIDI 


A Guided Tour Of All 
Sampling Functions 


The Musical Meaning Of 
Every MIDI Term 


Loaded With Hands On 
Experiments For You To Try 


Chapters Of Useful MIDI 
Applications 


Sampling "Specs" Explained 


More Than 1 00 Easy To 


More Than 1 00 Easy To 


Follow Diagrams and 


Follow Diagrams And 


Illustrations 


Illustrations 


The MIDI Reference Series 


The MIDI 

Resource Book 
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The MIDI 

Implementation Book 

l 

The MIDI 

System Exclusive Book 


! Everything You Need To 
Know To Write Your Own 
MIDI Software 

Contains Complete MIDI1.0, 
Sample Dump Standard, and 
MIDI Time Code 
Specifications 

"At A Glance" Overview Of 
Each Specification 

Listings Of All Technical 
Support Facilities, MIDI 
Related Publications, 
Schools, and More! 


Complete Listing of MIDI 
Performance Features For 
More Than 200 Instruments 

Standard One Page 
Implementation Chart Is Used 
For Each Product 

Quick Reference For 
Comparing MIDI Features 


More Than 700 Pages Of 
MIDI Documentation for Over 
150 MIDI Products 

The Only Comprehensive 
Listing Of Its Kind, This 
Information Is Unobtainable 
Anywhere Else, At Any Price! 

System Exclusive Messages 

Data Formats 

Communication Protocols 


Confused about home recording, MIDI studio, computers and music, video music, and 
and creative ways of making music wth today's technology? Watch for new releases 

from Ferro Technologies! 
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Part 1: Sampling Basics 

1. Overview of Sampling Process: 
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Figure 1 : There are four basic steps to the overall sampling process. Associated with each step 
is a specific set of parameters to use and/or decisions you’ll be faced with. We’ll take a detailed 
look at each step. 

Sampling is hot! It’s gone from an expensive, esoteric process to one 
that is accessible (and affordable) to just about everyone. There’s 
something very appealing about the idea of being able to capture any 
sound, and then being able to play it back instantly from a keyboard or 
other controller (kind of sonic Polaroid). You don’t need much (a sam- 
pler, a microphone, perhaps a disk or two) to plunge right in. Once 
you’ve gotten your feet wet, you will undoubtedly want to know more 
about what’s going on. Even more to the point, you’ll want to know how 
to use the sampler more effectively, and how to get the most out of all of 
its built-in features and functions. 

We’ve designed this book to bring you quickly up to speed with this 
amazing technology. As you can see from Figure 1, we’ve organized 
the sampling process into a series of steps. In this part of the book, 
each chapter will take you on an in-depth guided tour of each step. In 
fact, you can think of this book as your tour bus. You can sit back and 
enjoy the ride, and if you have a sampler, you can get off the bus and 
explore each of the major sites along the way on your own! You see, for 
every major sampling feature, we’ve provided a step-by-step, hands-on 
experiment for you to try. 


















No tour would be complete without an itinerary, so here’s a list of the 
main attractions we’ll be checking out along the way: 

Table of Experiments 

1. What Is A Sample? • Page 14 

2. Mic Or Line Level • Page 21 

3. Sampling Input Level • Page 27 

4. Auto Trigger • Page 29 

5. Original Key/Key Range • Page 31 

6. Sampling Length • Page 33 

7. Sampling Rate • Page 34 

8. Sample Start/End Points • Page 48 

9. Truncate • Page 50 

10. Splice (Butt Splice) • Page 52 

11. Splice (Cross Fade-Splice) • Page 53 

12. Loop Modes (Sustain/Release) • Page 55 

13. Loop Types (Forward/Reverse/Cross-Fade) • Page 58 

14. Tuning Loop Rhythms • Page 60 

15. Tuning Short Loops • Page 66 

16. Long Loops • Page 69 

17. What Does The Amplifier Do? • Page 71 

18. What Does The Filter Do? • Page 72 

19. Amplifier Envelopes • Page 74 

20. Filter Envelopes • Page 75 

21. Synthesizing Sustain Envelopes • Page 76 

22. Synthesizing Percussive Envelopes • Page 77 

23. LFOs • Page 78 

24. Velocity • Page 80 

25. Pressure • Page 81 

26. Key Split • Page 89 

27. Layered Keyboard • Page 91 

28. Velocity Switch • Page 96 

29. Velocity Cross-Fade • Page 97 

As you can see, we have quite a trip lined up for you. So get your sam- 
pler (don’t forget the owner’s manual) and a mic, and let’s go! 


Experiment #1 : What Is A Sample? 

Focus: Sample Edit Performance 

Key Settings: 

• Sampling Rate, Sampling Time: Default 

• Original Key, High Key, Low Key: Default 

• Input Level: 1/ 4 up 

• Mic or Line selector: Mic 

Step by Step: 

• Find the section in your owner’s manual that covers “recording a sample.” 

• Plug a microphone into your instrument's sampling input. (Be sure this is the input for microphones 
and not line-level equipment.) 

• If your machine has only one input for sampling, it will probably have a selector switch for selecting 
between “Mic or Line.” Set it for Mic. 

• Turn on the instrument. 

• Prepare instrument for sampling by using all the sampling “default” settings of your unit. (Most 
instruments have a set of parameters that they will instantly go to unless you manually reprogram 
them. In this experiment, we will not need to alter these settings.) 

• Raise the sampling input level about a quarter of the way up. 

• Referring to your owner’s manual, initialize the sampling process. 

• Say the word “ SAMPLE” into the mic the instant you begin sampling. 

• Once the sampling process has ended, raise the listening volume of the instrument, and press the 
“original key” on the instrument's keyboard. (Refer to owner’s manual for default setting of original 
key.) 

• Release the “original key,” and press the “highest key.” (Refer to owner’s manual for default setting 
of highest key.) 

• Release the “highest key,” and now press the “lowest key.” (Refer to owner’s manual for default 
setting of lowest key.) 

• Play different notes within the key range, and move the Mod Wheel. 

Observations: 

• Following the above process, you have just digitally recorded the word “SAMPLE” and loaded it 
into your instrument's computer memory. 

• Internally, your instrument has taken the the analog signal (“SAMPLE”) and converted it to its digi- 
tal equivalent, which can be recalled and reconverted for playback instantly. Not only can this sig- 
nal now be recalled exactly as it was originally recorded, but it can also be altered hundreds of 
ways. 

• Every time you play the “original key,” you will hear the word “SAMPLE” played back at the same 
pitch and timbre that it was originally recorded. 

• You should have also noticed that, when you played the “highest key,” the pitch (or frequency) of 
the word was shifted up by whatever the musical interval was between the “original key” and the 
“highest key” (and of course, the opposite shift takes place when you play the “ lowest key.”) The 
pitch isn’t the only thing that shifts. Everything time-based shifts, too (the length of the word, back- 
ground noise, etc.). 






Figure 2: When you sample your voice, the sound is converted to an electronic signal by the 
microphone. Your sampler converts the electronic signal to digital data. When you play the 
sample, the conversion process is reversed. 


We wanted to start right off with a simple hands-on experiment. Now 
that you’ve sampled and played back your voice, let’s take a moment to 
look into what’s happening. First of all, the sound you made with your 
voice was converted into several different formats. Sound waves were 
converted into analog electronic signals by the microphone. Your sam- 
pler converted those analog signals into digital data. It is this data that is 
“stored” in your sampler’s memory. When you play the sound back, the 
sampler converts the digital data back into analog signals again. These 
are, in turn, converted back into sound waves by the speakers in your 
amplification system. Whew! It seems like an awful lot of changes to 
put a sound through. It makes sense that sound waves have to be con- 
verted into analog signals (since they’re what amplifiers, mixers, effects, 
etc., are already geared up to handle), but why change the sound into 
digital numbers? 

One good reason is that, once a sound is converted into numbers, those 
numbers can be stored and recalled very quickly and relatively cheaply. 
That’s because, once something exists in a numerical format (i.e., digital 
data), it becomes fair game for the technology marvel of our age, the 
micro computer. Yes, as you’re no doubt aware, there’s a micro lurking 
in the depths of your sampler. The micro (and its software) manage the 
sampling process for you. Does this mean you have to be a computer 
star to work your sampler? Definitely not! Like so many other products, 
from microwaves to taiking teddy bears, you need never think about that 
micro inside, but its nice to know it’s there! 


Another good reason why samplers use sound in a digital format is that 
it is possible to do some very interesting things to the data in between 
the time it is first stored and when it is recalled. For example, changing 
the speed at which the data is recalled will change the pitch of the 
sound. That’s how you’re able to play different pitches with your sam- 
pler. Each key you press changes the rate at which the data is read. If 
it is read at the same speed it was sampled (we’ll talk about that in a bit), 
you hear the original pitch. If it is read at a higher speed, the pitch goes 
up. Lower speeds make the pitch go down. 

Many samplers will let you reverse the order in which the data is read as 
well as the speed. Reversing the order makes the sound backwards. Of 
course, just changing pitch or playing sounds forwards and backwards is 
only the beginning of what your sampler can do. Most samplers will let 








Figure 3: Typical ways of altering a sampled sound-A: Playing different keys speeds up or slows 
down the rate the sample is played back, changing its pitch and length. B: Samples can be 
played forwards or backwards. C: An LFO can also vary the sample’s pitch. D: Synthesis func- 
tions can transform the sonic character of the sample. 

you play with the sound in a variety of interesting ways. Many samplers 
provide a host of digital and analog voice editing features. Typical digital 
editing features include looping, splicing, reverse play, and truncate. 
Analog editing features include filters, amplifiers, envelopes, and more. 
Many samplers allow you to control your samples with your perfor- 
mance, making possible such things as velocity and pressure dynamics, 
cross-fades, and velocity key mapping. (All of these features and many 
more will be explored in detail in the upcoming pages.) Figure 3 illus- 
trates some of the typical ways a sample can be changed. 

1.2 What Are The Basic Steps Involved 
In Creating A Sample? 

Creating a sample is a process that involves several distinct steps. 
Often at each one of these steps, there are decisions that must be made 
(Figure 1). You’ll learn that often the decisions are based on trade-offs. 
(“You can have more of this, but you’ll have to give up some of that.”) 
Although there are many different sampling instruments, ranging in price 
from a few hundred to several thousands of dollars, the steps that are 
taken and the decisions that must be made along the way are basically 
the same for all sampling instruments. 


ie 



The basic steps are: 


1. Get Ready To Sample 

2. Sample The Sound 

3. Edit Voice Parameters 

4. Edit Performance Parameters 

Each of these steps is distinct from the others and involves its own sets 
of tools and techniques. You don’t necessarily have to learn them all to 
do great things with your instrument. You may find, for example, that 
your main interest lies in editing voice parameters or sampling unusual 
sources. We present each of these areas separately so you can easily 
isolate and concentrate on what interests you most. In the following sec- 
tions, we’ll look at each of these steps and their related decisions in 
detail. But first a word or two about terminology. 

1.3 Sampling Buzzwords 

Sampling instruments are the offspring of computer, synthesis, and 
audio technologies. They have inherited several high-tech terms to 
describe their features and functions. Some of these terms are used 
almost universally by the various manufacturers of sampling instru- 
ments, while others are not. In presenting sampling techniques to you, 
we have tried to use the most commonly used words, and when appro- 
priate, we have listed many of the alternative terms as well. 

The decisions made at each step in the sampling process are each 
associated with a key sampling concept. Each of these concepts is 
described by a sampling buzzword. You will see them again and again 
throughout the book, as well as in the owner’s manual for your sampler 
and any articles or books on the subject. 

Too often, imposing terminology will stop us dead in our tracks when 
we’re learning something new. If we are comfortable with the terms, 
then we generally have no trouble mastering the subject at hand. Of 
coyrse, the only way to get comfortable is by defining the buzzwords. 
Definitions may themselves be confusing when taken out of context, so 
we have opted not to provide a “quick and dirty” glossary of terms here. 
Instead, we’ve used the buzzwords as chapter and tdpic headlines 
where appropriate. You’ll find them easy to locate by simply scanning 
the table of contents or just flipping through the book. You’ll get a much 
better grasp on the significance of these terms if you see them within the 
overall context of how they are applied. 
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2. Get Ready To Sample 
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Figure 4: The first step in the sampling process involves making decisions about what to sample 
and how your equipment will be interconnected. 


Before you start sampling, you must take care of such details as decid- 
ing what it is you want to sample and setting up your equipment. If, for 
example, you want to sample your speaking voice, this can be as simple 
as plugging a microphone into the “Sampling Input” of your instalment, 
and its “Audio Output” into an amplifier/speaker. 

However, if your sampler is just one component of your own music stu- 
dio, you may want to take full advantage of the other equipment you 
have. Even with a modest collection of equipment such as tape 
recorders, CD players, mixers, etc., your setup can become consider- 
ably more sophisticated. 

Let’s look at each of the decisions to be considered in this first step of 
the sampling process. 

• What do you want to sample? 

• How will you get the sound from the source into the sampler? 

• How can you listen to the sound and the samples you’ll 
make? 

Do you need to make any MIDI connections? (This might be 
necessary if your sampler is a rack-mount slave without a 
keyboard. 

Figure 4 outlines the typical options you have for each choice. 

2.1 Selecting A Source 

Live Sounds 

There are two general sources of sound to load into your sampler. One 
source is acoustic sounds, i.e., “live” sounds that you can capture with a 
microphone. This would include such things as voices, acoustic musical 
instruments, ambient sounds: traffic, crowd noises, airplanes, etc., as 
well as specific sound events: a door slam, breaking glass, a gunshot. 
In short, virtually anything you hear can be picked up by a microphone. 
If the mic is connected properly to the sampler, then you can sample just 
about anything. 
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Line-Level Audio 


The other source of sounds for your sampler is line-level audio. By this, 
we mean the electronic signals generated by such devices as tape 
recorders, CD players, radios, electronic instruments (like electric gui- 
tars, synthesizers, and yes - even samplers). Virtually all samplers have 
a “Line Level” input. It can be connected to just about any line-level 
source, allowing you to sample directly from recordings, synthesizers 
and other electronic instruments, mixers, etc. 

Sampling Live Sounds vs. 

Sampling Recorded Sounds 

When you’re first learning your way around, or if you want to work fast, 
you may find it most convenient to simply plug a mic into the sampler 
and then sample live sounds. This is a perfectly good way to learn the 
basics. If you’re careful and precise, there’s no reason why you can’t 
create professional-quality samples this way. 

However, as your sampling skills increase and you begin to create more 
sophisticated samples, you’ll probably find that you don’t want to connect 
the source directly to the sampler. For instance, it may be impractical to 
bring the sampler to the source. Suppose you want to sample the sound 
of a jet taking off or the crash of the surf onto a rocky coast. You 
wouldn’t want to bring your thousand dollar plus sampler to the airport or 
the beach. If you do, you’d better have a very long extension cord! In sit- 
uations such as these, you can collect your source material with a micro- 
phone and a good quality portable tape recorder. Then you can sample 
the sounds directly from the tape recorder in a more convenient setting, 
whether it’s your living room or your own personal-use music studio. 

Another reason not to sample direct is insurance. Suppose you want to 
sample a very special sound, say the noise a fine crystal vase makes 
upon colliding with a concrete driveway at high speed. Unless you have 
an unlimited supply of crystal vases, you’ll probably have to get this right 
the first time. If the sampler isn’t set up properly, the sampling begins a 
little late, or the sound takes longer than you thought, you’ll end up with 
an incomplete and possibly unuseable sample. So how do you get 
insurance? Once again, the best approach to take is to record the sound 
with a tape recorder. In general, a tape recorder is easier to set up, and 
there’s so much recording time on a reel of tape that you don’t have to 
worry about how long the sound will last or starting the recording pre- 
cisely in sync with the event. Sample directly from the tape. Since the 
recorder will play back the original sound exactly the same way each 
time, you’ll be able to adjust your sampler with great care and precision. 
If you don’t get it right the first time, no problem. Just rewind the tape 
and start over. 

Although the examples given above are extreme, they’re not all that 
unusual. Many sampling artists go to great lengths to build up collec- 
tions of “found” sounds. You may find such sonic material is a rich 
source of creative ideas. If you don’t have the facilities, time, or dedica- 
tion to create such a collection, there are an increasing number of com- 
mercially available sound libraries on the market. A listing of these is 
given in Appendix B. 
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2.2 Connecting The Source To The Sampler 



Figure 5: Your sampler will either have two separate input jacks (one for mic, another for line), or 
it will have one jack that can be switched from mic to line. 


Microphone Inputs 

Unless your sampler has a built-in mic, you’ll have to connect a micro- 
phone to the sampler. If the sampler provides separate inputs for mic 
and line levels, the mic is connected to a jack labeled “Microphone Input” 
(or something very similar). Most samplers use a standard 1/4” female 
phone plug for this connection. This is the standard connection for High- 
Impedance (Hi-Z) microphones. Some samplers use a female three-pin 
“Amphenol” connector for mic connections. This connector (also called 
a “Cannon” plug) is the standard connection for Low-Impedance (Lo-Z) 
microphones. If the sampler has only a single input, then look for a 
switch that allows you to select either “Microphone” or “Line.” Your 
owner’s manual will tell you what the input specifications are. 

Make sure that the mic you are using is the proper impedance for your 
sampler. Chances are, if the connectors match, so does the impedance. 
If you’re not sure, check the manual that came with the sampler (and the 
mic). If the impedances/connectors don’t match, you will need a trans- 
former/adapter to change the mic’s impedance to match the sampler’s. 

Line-Level Inputs 

If your sampler has separate inputs for mic and line connections, the 
line-level audio input will be labeled “Line” (or something similar). If one 
connection is used for both, then there will be a switch allowing you to 
select between “Microphone” or “Line.” As with microphones, you are 
likely to encounter either a 1/4“ female phone jack or a three-pin female 
Amphenol connector. Make sure that the line-level device you are con- 
necting to the sampler matches the impedance and connector used by 
the sampler. 

2.3 Listening To Your Work 

Of course, you will want to hear your sampler. You will also want to lis- 
ten to your source. This is particularly important if you are sampling 
from a line-level source. You should provide a way to monitor the output 
of the source, so you can hear what’s being sent into the sampler. 
Some samplers provide an “Input Monitor” connection to make this easy 
to do. 




Experiment #2: Mic Or Line Level 


Step by Step: 

• Place a microphone into your instrument’s “Mic In.” If your instrument has only one “Sampling 
Input,” it will most likely have a selector switch for selecting between “mic” or “line.” Set it on mic. 

• Following the procedures outlined in experiment #1 , record the word “MIC.” 

• Save this sample as Test Voice #1 . (Refer to your owner’s manual for the correct process of sav- 
ing a sample as a voice. Most manuals refer to this process as “defining voices” or saving individu- 

al samples.) 

• Remove the microphone from the “mic” input, and place it into the “line” input. (If your machine 

has only a single sample input, change the selector switch from “mic” to “line.”) 

• Note: Before you continue on to the next step, make sure the prior sound “Test Voice #1” is saved 
and you can now record a new voice without loosing Test Voice #1 . 

• Without making any changes in the sampling parameters, record the word “LINE.” 

• Save this sample as Test Voice #2. 

• Assign Voice #1 to middle C on your keyboard. (Refer to your owner’s manual for correct proce- 
dures necessary to execute this process on your instrument.) 

• Assign Voice #2 to C one octave below middle C. 

• Play and listen to the sample on middle C compared to the sample on C one octave below. 

Observations: 

• You will notice that the major difference between the sample made at the Mic input and the sample 
made at the Line input is that the line seems to be lower in volume. This is because the mic input 
is much more sensitive than the line input. Since a microphone produces such a low signal, it 
needs to go through an input that will boost a signal before it is recorded. 

• Another point to mention is that, when comparing the two signals, notice the noise level of both sig- 
nals. You will find that, when you attempted to record the weak signal through the line input, not 
only did you lose signal but you gained noise. 

• Try the same experiment, but this time, instead of sampling your voice, try using the output of a 
tape recorder, synthesizer, or other line-level device. 

• Be sure to learn how to set the best levels, regardless of whether you’re sampling a mic or line- 
level source. (That’s covered in experiment #3. ) 






The key to setting up your monitoring scheme is clean and accurate 
sound quality. At the initial stages of the sampling process, you will want 
to compare the sound of the original source to your sample. (This is 
called an “A / B” test.) For most situations, you will want the sample to 
sound as close to the original sound as possible. In order for your ears 
to fairly judge the accuracy of your sample, the amplifier/speaker combi- 
nation you use should be of the highest possible fidelity. Both the 
source and the sampler should be played through the same system to 
ensure that any “coloration” introduced by the amp and/or speakers is 
applied equally to both. 

Audio processors and effects, like reverberation, chorus, EQ, compres- 
sion, etc., are all very useful, but be sure that you can take them out of 
the system when you don’t need them. For now, we’ll assume you are 
sampling without any effects. We’ll get into that later on in Section 2. 



Figure 7: A more sophisticated setup would include a mixer, tape deck, outboard effects, and a 
pair of monitor speakers. 





2.4 MIDI Connections 


Virtually every sampling device costing more than a few hundred dollars 
has MIDI ports on its back panel, so we thought it would be a good idea 
to go over some basics here. MIDI (Musical Instrument Digital Interface) 
is the standard method of interconnecting electronic music devices with 
each other and/or computers. Many samplers use MIDI to transfer sam- 
ple data between instruments, or instruments and/or computers (for 
voice storage or visual editing, for instance). Of course, MIDI is also 
used to connect keyboards, sequencers, and drum machines to sound 
sources like samplers and synthesizers. 



Figure 8: Here’s the basic connection to make to control your rack-mount sampler from an exter- 
nal MIDI controller. You only need to connect the controller’s MIDI OUT to the sampler’s MIDI 
IN. 



Figure 9: When you use a visual editing system with a sampler, you’ll need to connect both the 
MIDI In and MIDI OUT of the sampler to the computer’s MIDI interface, since both the computer 
and the sampler will exchange data with each other. 



Figure 10: If you want to play a rack-mount sampler from a keyboard and use the editor at the 
same time, you’ll have to merge together the MIDI OUT of both the computer and the controller. 
Send the merged signal to the sampler’s MIDI IN. 


You won’t need to use any MIDI functions when you are simply creating 
and listening to samples, unless your instrument is a rack-mount or 
slave device, i.e., it has no on-board keyboard. Simply put, MIDI is the 
means that allows your rack mount sampler to be played from another 
keyboard. The front panel of your sampler probably has some kind of a 
“Play” button that will let you hear the sound you just sampled, but if you 
want to be able to play the sound with different pitches or in chords, then 
you will need to control it from a MIDI controller of some type. For our 
examples here, we are using a keyboard, but it could just as easily be a 
MIDI wind controller, guitar, or percussion controller. 
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In order to connect your sampler to a MIDI controller: 

• Connect a MIDI cable from the “MIDI OUT” port of the controller 
to the “MIDI IN” port of the sampler. 

• Set the receive on the same MIDI channel that the controller is 
transmitting on 

OR 

• Set the sampler to MODE 1 , OMNI ON/POLY. 

If you’re not sure how to do this, consult your owner’s manuals for the 
details. If you’re not sure why this is necessary, then when you get a 
chance, take the time to learn more about MIDI. 


If you are unfamiliar or uncomfortable with MIDI, we strongly recommend 
that you get hold of The MIDI Book for a complete and unintimidating 
look at all things MIDI. If you want to know even more, then by all 
means, check out our MIDI Reference Series. 
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Figure 11 : The second step in the sampling process is where the actual sampling takes place. In 
order to get the best quality samples, you’ll need a solid understanding of the sampling functions 
of your instrument. 

Once you’ve decided what you want to sample and you have everything 
hooked up, you’re ready to actually digitize a sound - well, almost any- 
way. There are still a few more decisions that must be made ( Figure 
1 1), such as where to set the level controls, how to start the actual sam- 
pling process (manually or automatically), what key on the keyboard will 
play back the original sound, how long you want the sample to be, and 
how much fidelity you want in the sampled sound. 

Some sampling instruments may not allow you to choose your own 
answer to each of these questions. Some may give you a limited choice 
of answers. Still others may be so flexible that you may be bewildered 
with the number choices. Even if some of the choices are made for you 
by the device, it is still in your best interest to understand what they 
mean. In short, there are still some loose ends that we have to take 
care of before we can actually begin to make samples. Each of these 
loose ends is associated with a particular sampling parameter. Here is a 
list of those parameters and the questions they address. 

1. Input Level: How can you get the cleanest possible sample of 
this sound? 

2. Trigger Level: Should I start sampling manually, or should I let 
the sampler do it automatically? 

3. Original Key: What keyboard note do you want to play the origi- 
nal sound? 

4. Sampling Rate: How much audio fidelity is required for this 
sound? 

5. Sampling Length: How long will the sound be? 

Let’s take a look at each one of these parameters. Below is a series of 
experiments that will help you to see how each of these basic functions 
is used in the sampling process. 

3.1 Input Level 

Input Level, more than any other parameter, has an enormous effect on 
the overall sound quality of your samples. If the level is set too high, a 
very harsh (and particularly unpleasant) distortion will be introduced into 
your sound. If the level is too low, your samples will be noisier than they 
could be. 








Figure 12: Matching the input signal level to the 
sampling window 



If you were to sample a continuous tone like an organ note, the ideal 
level setting would be at the point just below where the distortion occurs. 
This would produce the cleanest and quietest sample on your instru- 
ment. Most of the sounds you’ll be sampling won’t be continuous tones, 
however. One of the things that make a sound interesting is changes in 
its loudness. Piano tones, for example, start loud and gradually fade 
away. When you set the level to sample the beginning of the tone with- 
out distortion, the level of Tail” or decay portion of the tone will eventual- 
ly become so low that the noise of the sampler will be louder than the 
piano sound. 

Your owner’s manual will provide you with valuable information about 
how to set the input level properly. Read that material carefully, and fol- 
low the instructions given. This is the most crucial part of the sampling 
process. If your sound is flawed because of improper level settings, 
there is nothing you can do to “fix ” it later on. Your only choice is to 
sample the sound again. Now you can see why we recommended that 
you first record the sounds you want to sample on a good quality analog 
or digital tape (or Hi Fi Video) recorder. You can replay the sound over 
and over until you get the levels set just where you want them. 

Figure 12 shows the relationship between input levels and the resulting 
sampled sound. All samplers (indeed, all audio devices) have a “win- 
dow” that defines where the best levels should be. Input signals above 
the window will be clipped (distorted). While distortion has become a 
sought-after effect in certain situations, for most sampling applications, 
you will find distortion to be extremely unpleasant. The sampler (like any 
audio device) will also add a small amount of noise to the signal it pro- 
cesses. If the input level is below the sampling window, the added noise 
will be loud enough (relative to the sampled sound) to be quite audible in 
the final sample. 

Technically, the sampling “window” is referred to as dynamic range. The 
“spec sheets” of most audio gear will list dynamic range as “signal to 
noise ratio” or “S/N.” The overall dynamic range of any sampler is deter- 
mined, for the most part, by the number of bits used for each sample. In 
general, the more bits used, the wider the dynamic range. (Be aware 
that some samplers are designed to squeeze more dynamics out of a 
given number of bits.) The reasons for this will be explored in Changing 
Electronic Signals Into Digital Samples. 

If you have one, a compressor/limiter can be used to extend the appar- 
ent dynamic range of your sampler. We’ll look into this in Section 2. 

3.2 Trigger Level 

If your sampler doesn’t have an “Auto Trigger” function with variable 
Trigger levels, you can skip this section. 


We mentioned above that one of the ways of making the most of your 
available memory was to start recording the sample as close to the 
beginning of the sound as possible. That sounds easier than it is. 
Sometimes it can be pretty difficult to hit the sampler’s record button just 
as the sound starts. You may not know (or be able to control) when the 
sound will begin. If you’re playing the sound, it may be awkward to play 
a note and hit the button simultaneously (which is why some instruments 
let you start the sampler with a footswitch). 

This is why many samplers have a special function called “Auto Trigger.” 
It will start the sampler automatically. Basically, it works like this: The 
sampler “watches” the signal coming from its input jack, and when it 
senses the beginning of a sound, it automatically Triggers” (starts) the 
sampling process for you. 
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Experiment #3: Sampling Input Level 

Focus: Sample Edit Performance 

Key Settings: 

• Sampling Rate, Sampling Time: Default 

• Mic or Line selector: line 

• Input Level: refer to Step by Step below 

• Original Key-(refer to settings in “Step by Step”) 

• Highest Key, Lowest Key: set same as original key 

Step by Step: 

• Using any standard home cassette deck (or reel to reel if one is available), record the word “VOL- 
UME.” Make sure that the recording is clear and as noise free as possible. 

• Take the line out of the tape deck, and plug it into the line on your instrument. 

• Set the VU meters of your tape deck to read 0 VU when playing back. 

• Set the sampling level control of your instrument to just above minimum. If your sampler has some 
kind of visual indicator, it should be reading extremely low, but it should have some reading. 

• While you press play on your deck, manually cue your sampler to record the word “VOLUME” from 
your deck. (The sampling default parameters of the instrument can all be used in the sampling of 
this recording. The only exception would be if your instrument cannot change a sample's key 
assignment after a sample has been recorded. If yours cannot, you must assign this sample's 
“original key” to low C. Check your manual under “key assignment.”) 

• Define this sample as Test Voice #1 , and assign it to the lowest C key on your instrument. (Refer 
to your owner’s manual for the correct process of saving a sample as a voice. Most manuals refer 
to this process as “defining voices” or “saving individual samples.”) 

• Rewind your deck, and prepare it to play back the word “VOLUME.” Don't change any of the play- 
back volume settings. 

• Move your instrument’s sampling level control to about halfway up. If you are using visuals, it 
should read about mid point. 

• Sample the word “VOLUME” again, only this time, save it as Test Voice #2 and key assign it to C 
one octave above Test Voice # 1 . 

• For our last sample, move the sampling level control to maximum. Rewind the deck. Don’t change 
any levels on the deck! Play and sample the same word. This time define it as Test Voice #3, and 
key assign it to C two octaves above Test Voice #1 . 

• Raise the volume on the sampling instrument. 

• Press and release one at a time the three different C keys, listening to the difference in each sam- 
ple. 

Observations: 

• Due to the fact that we recorded our voice on tape and fixed our playback levels, any difference 
heard in signal quality from sample to sample was directly related to the sampling level control. 

• When there is too little level our original signal becomes weak and covered with noise. When there 
is too much signal it becomes distorted and raspy. 

• The best levels will be just under the distortion point. 

• Another point you may have noticed is that the visual indicators provided on most instruments are 
only good as an approximation of the true input level. 





So how does the sampler “know” when a new sound begins? There is a 
parameter associated with this function, usually called “trigger level.” 
When you put the sampler in the auto trigger mode, it will not start 
recording until the input signal is greater than a point that you determine 
by adjusting the trigger level. This way, you can start the sampler, walk 
slowly across the room, contemplate the meaning of life, the universe, 
and all that, and then, when you’re good and ready, whack a four-foot 
Chinese gong with an old army boot. Even though many minutes 
(hours? days?) passed between the time you started the sampler and 
when you hit the gong, the sampler didn’t start recording until you 
whacked the gong. (Of course, the trigger level had to be set properly or 
your effort would’ve been spoiled by premature digitization.) 

Once again, your owner’s manual will prove invaluable in telling you how 
to best use this function on your machine. Here are the basics. At its 
lowest settings, the sampler will trigger (begin recording) when even the 
slightest sound comes its way (via microphone, tape recorder, or whatev- 
er you’re sampling from). Very low trigger settings are most desirable, 
since they will ensure that you catch the sound from the very beginning. 
If there is some low-level background noise coming from the source (that 
you can’t eliminate any other way!), set the trigger level just beyond the 
point where the noise sets it off. This will start the sampler when your 
sound begins, and you won’t be recording the noise up front. 

If there are no noise problems, you can almost always use the trigger 
level set to its lowest level. Now the auto trigger function acts as a 
“smart” record function. It will hold the sampler until your sound gets 
there. Since the level is set for zero, sampling will start at the very begin- 
ning of the source sound. 


Be aware that, if the trigger level is set above the very lowest settings, 
two things are almost bound to happen. The very beginning of the 
source sound will cut off, and there will be an audible click at the start of 
the sample. You can use voice-editing functions to “clean up ” the sam- 
ple. Move the sample start point to the nearest zero crossing. (See 
Truncate.) Another way would be to adjust the sampler’s amplifier enve- 
lope (see Envelopes) to produce a very slight attack. This will make the 
start of the sample sound less clipped, and at the same time, it will hide 
the click. 


Be careful with the trigger settings. If it’s too low and you’re sampling a 
noisy source, you’ll waste valuable memory to record useless noise. If 
the level is too high, you’ll cut off the beginning of the sound you’re trying 
to sample. The best way to avoid trouble is to always sample in the qui- 
etest possible environment. 
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Figure 13: Setting the Auto Trigger Level 
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Experiment #4: Auto Trigger 

Focus: Sample 

Edit Performance 


Key Settings: 


• Sampling Rate, Sampling Time: Default 

• Mic or Line selector: Line 

• Input Level: refer to Step by Step below 

• Original Key, Highest Key, Lowest Key: refer to Step by Step below 

Step by Step: 

• Using your cassette recorder and a microphone, we need to make a 60second cue that has a 
decreasing level of noise that then ends in the word ‘TRIGGER.” (See Figure 13.) 

• Using your owner’s manual for details, set the trigger (or Auto Trigger) level to minimum. 

• Leave all your instrument's sampling default parameters as they are. (If your instrument must be 
preassigned to a key, set it to the lowest C.) 

• Set the sampling input level to about mid point. 

• Set the sampler to start on Auto Trigger, and start the tape deck. 

• Once the sampling process is complete, store this sample as Test Voice #1, and assign it to the 
Lowest C on the keyboard. 

• Move the auto trigger level to about midpoint. Do not change any other settings (unless you have 
to assign the next sample to a new key number). 

• Repeat the above sampling procedure, and this time, define it as Test Voice #2 with a key assign- 
ment of one octave above Test Voice #1. 

• Finally, move the Auto Trigger level to maximum. Do not change any other settings (unless you 
have to assign the next sample to a new key number). 

• Repeat the above sampling procedure, and this time, define it as Test Voice #3 with a key assign- 
ment of two octaves above Test Voice #1 . Note: The sampler may not trigger at this very high set- 

ting. If it doesn't, bring it down slightly and try again. 

• Listen and compare the sample on each of the three keys. 

Observations: 

• One of the obvious critical points about using auto triggering is the more accurately the triggering 
threshold is set, the more accurately we can determine where our sample will begin. 

• As we have demonstrated, the auto trigger can be a very useful tool in sampling only the true sig- 
nal and eliminating unwanted noise. 

• It is also very useful when you are attempting to sample a sound that you have little or no control 
over when it is going to be heard. 

• Sampling sounds without noise or long silent gaps in the front helps conserve memory space and 
saves editing time, too! 
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Figure 15: Sampling Rate vs. Frequency 
Response 



Figure 16: Sampling Rate vs. Sampling 


3.3 Original Key 

One of the biggest benefits of a sampling device over more traditional 
recording devices, like tape recorders, is that the sample can be easily 
transposed over a range of pitches. This is perhaps the most important 
aspect of sampling technology. If you want to play melody with a sam- 
pled sound, you don’t have to sample every pitch in the melody. You 
can (with some limitations) sample one sound and use the sampler’s 
keyboard to transpose the appropriate pitches for your melody. 

Before you start sampling, you should know what key on the keyboard 
will play back the sound you sampled, at exactly the same pitch sound 
you sampled it at. On some keyboards, this key is preset and 
unchangeable during the sampling process (you can change it later if 
your want), while other samplers will let you pick the key you want to 
sound the original pitch. This feature will have a name like “Original 
Key,” “Original Pitch,” or “Starting Key.” Associated with selecting the 
Original Key will be the setting of the “Key Range.” The sampler will let 
you pick out a low key and a high key that set the range of keys over 
which the sample can be played (Figure 14 ). 

If you are sampling a pitched source of sound - a piano note, for exam- 
ple - then it makes sense to set the Original Key to the same key you 
are sampling from the piano. In other words, if you are sampling an 
instrument playing a Middle C, set the sampler’s Original Key to Middle 
C as well. 

There is no “law” that says you must do this. There may even be times 
when you purposely don’t do this. As your collection of samples grows 
and you begin to create multi-sample instruments from your sounds, 
you’ll find the whole process is easier to master if the Original Keys are 
set to the same pitch as the original sample. 

3.4 Sampling Rate 

If your sampler doesn’t have a function that allows you to select different 
Sampling Rates, you can skip this section. 


Sampling Rate has a direct effect on the sound fidelity of your samples. 
The reasons for this are explored in detail below for those who want to 
know more, but the basic relationship between Sample Rate and sound 
quality is this: The higher the Sampling Rate, the better the fidelity. By 
fidelity we mean frequency response, which translates to how much Top 
end” or Treble” will be captured in your sample. In short, samples at 
high rates will sound brighter than the same sound sampled at lower 
rates. Figure 15 shows the basic relationship between sampling rate and 
frequency response. Figure 16 shows the amount of memory required to 
sample one second of sound at various sampling rates. 

So why do you have to make a choice? Why not sample at the highest 
possible rate all of the time? Like so many things, sampling is a series 
of trade-offs. It’s like the old cliche, “I’ve got good news, and bad news.” 
The good news is that, as the sampling rate goes up, the fidelity goes 
up, too. The bad news is that, as the sampling rate goes up, the maxi- 
mum amount of sampling time available to you goes down. As a matter 
of fact, the relationship between these two factors is inversely propor- 
tional. If you double the sampling rate, you halve the time available. 
Conversely, if you halve the sampling rate, you double the time avail- 
able. 

You are given a choice so you can select the optimum setting for your 
needs. If fidelity is your highest priority for a given sound, then you may 
want to use the highest possible sampling rate. In doing so, bear in 
mind that you are also limiting the total amount of time available to sam- 
ple. 
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Experiment #5: Original Key/Key Range 

Focus: Sample Edit Performance 

Key Settings: 

• Sampling Rate, Sampling Time: Default 

• Input Level: optimum level 

• Mic or Line selector: Line 

• Original Key, Highest Key, Lowest Key: refer to Step by Step below 

Step by Step: 

• Record the word “PITCH ” onto your tape deck. (This time, try singing the word instead of just 
speaking it.) Remember to take all precautions outlined in experiment #2. 

• Set the sampler’s input level to record the cleanest possible signal. Refer to experiment #3. 

• Set sampler to assign the incoming signal to middle C. (Refer to your owner’s manual for the cor- 
rect procedure.) This will be referred to as the “Original Key” and will be used to denote the origi- 
nal pitch (or frequency) of our sound. 

• Set the sampler’s “Highest Key” to two octaves above middle C. (Some instruments will not allow 
this much of a transposition. If this is the case, set it to the maximum it will allow.) 

• Set the sampler’s “Lowest Key” to two octaves below middle C. (Some instruments will not allow 
this much of a transposition. If this is the case, set it to the maximum it will allow.) 

• Press play on the already cued tape deck and begin sampling. 

• When sampling is complete, press and release middle C, “Original Key,” then C two octaves 
above middle C, “Highest Key,” and then C two octaves below middle C. 

• Repeat the entire above procedures altering only the key assignment. Assign Original Key to the 
first A#, Highest Key to middle C, and the Lowest Key to the second C. 

Observations: 

• Two points should be immediately apparent. One, Key assignment sets the maximum limits the 
sample will be transposed. Two, placement of the sample on the keyboard has no relation to that 
key’s normal musical pitch, i.e., placing a sample on middle A does not mean that the sample will 
be A 440 or concert A. 

• The relationship of Highest Key and Lowest Key to Original Key is the musical intervals between 
high and low to original. For example, if high key is one octave above original key, then high key 
will be exactly one octave higher in pitch than any pitch assigned to original key, or exactly dou- 
bled in frequency. The same relationship is true for low key. 

• You should have also noticed that, when you attempted to assign low key higher than the original 
key, the instrument should have warned you that this was illegal. Low key must be equal to or 
lower than original key, and consequently, high key must be equal to or higher than original key. 

• You will still notice that there is a point beyond which the sound no longer sounds natural. 

• Experiment with placing different sounds on the keyboard, and listen for the limit of the transposi- 
tion of each sound. 





Total Memory : 512 k 



12.8 seconds: 40 k 


Total Memory : 512 k 



6 seconds 4.2 seconds 2.1 seconds 


40 k 15 k 30 k 


Figure 17: Allocating Sampling Memory 


If, on the other hand, your highest priority is to capture an entire sonic 
event (for example, you might want to sample a complete phrase or sen- 
tence), then you’ll want to be able to set the sample rate low enough to 
give you enough time to catch the whole event. A good rule of thumb is 
to sample at the highest rate that will still give you enough time to catch 
the whole event. 


There may be times when, no matter how you set the sampling rate, you 
cannot achieve the results you want. Sometimes the results will be 
unobtainable with a given set of equipment, but there are also many 
tricks you can use to extend the apparent length of a sample and/or 
enhance its fidelity. The most important of these is looping. As you’ll 
learn in Section 5., loops and envelopes can be used to extend even a 
very short sample to an infinite length. This means that you can sample 
short sounds at high rates for the best fidelity, and use loops and enve- 
lope settings to synthesize the desired length of the sound. 



The optional Input Sampling Filter allows the Ensoniq Multi Sampler to be set for sampling rates 
up to 50k. 


3.5 Sampling Length 

All samplers use RAM (random access memory) to store digitized 
sounds. The total amount of memory available for storage is fixed. 
Memory size is usually given as the number of kilobytes, as in “128 
Kbytes” or “128K” (which means 128 thousand bytes). Recently, sam- 
plers with very large (millions of bytes) memories are becoming avail- 
able. The term for millions, by the way, is meg - as in “1 meg” or “1 
Mbyte.” Although the total size of the memory is fixed, the length of time 
for each individual sample can usually be varied. If a sampler has eight 
seconds of sampling memory (at a given sampling rate), you may divide 
up those eight seconds anyway you wish. For example, you could use 
all eight seconds for one sample, or create four samples of two seconds 
each, or use the memory for one six-and-a-half-second sample and a 
one-and-a-half-second sample. One thing you can count on - you’ll 
almost never have as much sampling time available as you want! 
Figure 7 7 shows examples of different divisions of a 512 Kbyte memory 
block. 

This is another one of those decisions that often involves a trade-off. As 
mentioned above, the sampling rate will affect how much memory is 
used to sample a certain period of time. As the sample rate is 
increased, more memory is used to sample the same amount of time. 
You can, of course, lower the sampling rate to stretch the sampling 
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time, but we’re back to the good news and the bad news. Remember? 
Lowering the sampling rate will give you more time, but it also degrades 
the fidelity of the sample. 



Experiment #6: Sampling Length 

Focus: Sample 

Edit Performance 


Key Settings: 


• Input Level: optimum 

• Mic or Line selector: Line 

• Sampling Rate, Sampling Time: refer to Step by Step below 

• Sampling Time: (refer to settings in “Step by Step”) 

• Original Key: refer to Step by Step below 

• Highest Key, Lowest key: set same as original key 

Step by Step: 

• Using your tape deck, record this sentence: “How long will this sample run, 1 ,2, 3, 4, 5 ” 

• Clear the instrument’s sampling memory. 

• Set the sampling rate to minimum. 

• Set the sampling length to maximum. 

• Note the amount of sampling time available. (If your machine is not capable of displaying total 
memory available, follow the steps outlined at the end under Note.) 

• Sample the sentence. 

• How much of the sentence made it into the sample? Note the amount of sampling time available. 

• Clear the instrument’s sampling memory. 

• Set the sampling rate to minimum. 

• Set the sampling length to maximum. 

• Note the amount of sampling time available. 

• Sample the sentence. 

• How much of the sentence made it into the sample? Note the amount of sampling time available. 

Note: If you are unable to read total memory, you will have to base your available memory on the 
amount of sampling time left once you have completed your sample. For example, if your machine 
can sample a total of ten secs at its minimum sampling rate when you first power up, and your first 
sample takes up nine seconds, when you set up to record your next sample (in a new voice and 
without wiping out the original sample), you’ll find that there is only a total of 1 second of sampling 
time left. This is the equivalent of saying you used 90% of the available memory on the first sam- 
ple. 

Observations: 

• It is obvious to understand that the longer you set the sampling time, the more memory you will 
use. But the other key is to remember to allow for the increased memory consumption when you 
opt for a higher sampling rate. 

• Spend some time considering alternatives to long samples or high sampling rates, possibly looping 
a short sample or remember to lower the sampling rate when an increased band width is not nec- 
essary. There are always alternatives to wasting memory. Read on to learn how! 







Here are some tips on how to get the most out of your sampling memo- 
ry: 

• Try to start recording the sample as close to the start of the sound 
you’re sampling as possible. If your sampler has an “Auto Trigger” 
function (see above), it may be a great help in this regard. 

• When possible, use loops to recreate the sustained portions of continu 
ous sounds. (We’ll be looking at loops in just a bit.) 

• Remove any “dead space” from the front and/or back of the sample. 

• Make the sound you are sampling as short as you can without spoiling 
it. 



Experiment #7: Sampling Rate 


Step by Step: 

• Use your cassette recorder or drum machine to record a long cymbal crash. If you can’t get a 
recording of a cymbal, record another sound that has a lot of “top end.” 

• Set your sampler for its maximum sampling rate. 

• Sample the cymbal sound. 

• Note the amount of memory used to sample this sound (the total amount of sampling time minus 
the sampling time left). 

• Assign this sample’s original key to middle C. 

• Without changing any other settings, sample the cymbal crash at your sampler’s lowest sampling 
rate. 

• Note the amount of memory used to record this sample (the total amount of sampling time left from 
the previous step minus the sampling time left from this sample). 

• * Assign this sample’s original key to one octave below middle C. 

• If your sampler offers any more sampling rates, sample at each one and assign them to different 
keys. Also, remember to take note of the amount of memory used. 

• Listen to and compare the different samples. 

Observations: 

• One of the differences that should have been noted was the quality, or lack of quality, of the sam- 
ple at the various sampling rates. The higher the sampling rate, the brighter and clearer it sound- 
ed. We highlighted this by recording a sound with a lot of high frequencies. If, for example, we 
had sampled a bass drum, the difference in sampling quality would have been less noticeable 

• The second point (which is the reason for not using the highest sampling rate constantly) is the 
increase in memory used at the higher sampling rates. The higher the rate, the more memory 
needed to record the same length sample. Since some sounds don’t need as broad a bandwidth 
as the higher sampling rates yield, you can conserve memory by using a lower sampling rate (and 
still get a good quality sound). Test this theory by redoing the experiment, only this time use a 
bass drum. When you’re done, compare both the fidelity and the memory consumption. 
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4. Let’s Get Technical 

When you really want to get creative with a musical instalment, it helps 
to understand as much as possible about how it works. Learning how 
something does what it does isn’t necessary for you to be able to play it 
or use it. After all, you don’t have to know what makes a jet go if you 
want to fly, as you don’t have to know how an electric guitar works if you 
want to play Rock ’n’ Roll. But if you want to push that jet through high- 
G loops or make that guitar scream, the more you know about the tech- 
nology you’re using, the more creative you can get with your toys. 

With that in mind, we feel it is important to provide you with the details of 
how and why samplers do what they do. Remember, all samplers use 
the same technology, so the principles we’re explaining here apply to all 
samplers. Once you understand these basic fundamentals, you’ll under- 
stand how all samplers work. Understanding how samplers work is a 
key to unlocking many creative options. 


If you don’t want to stop our exploration of basic sampler features and 
functions right now, then by all means jump ahead to the next section. 
When you’re ready to get technical, come on back! 


By now you might have some questions about all of this, such 
as: 

• How is sound converted into an electronic signal? 

• How is the electronic signal converted into a series of numbers? 

• The sound is converted from acoustic, to electronic, to digital, to 
electronic, and finally to acoustic again before we ever hear it. 
Doesn’t something get lost in all that translation? 

• Why does the sampling rate affect the fidelity of my samples and 
the amount of sampling time I have? 

• Why does the number of bits a sampler uses affect its dynamic 
range? 

• What do the spec sheets really mean? 

• Are there guidelines you can use to meaningfully compare differ- 
ent samplers? 

All of these questions (and many others that will occur to you along the 
way) can be answered if we take a look at what is really going on inside 
of a typical sampling device. Earlier, we introduced you to the basic 
sampling process (Figure 2). Let’s review the steps involved in turning a 
sound into a sample. 

1 . The sound, which is an acoustic waveform, must first be convert- 
ed into an electronic representation of the sound wave by a 
microphone. 

2. The electronic waveform (audio) is sent to the sampler’s input, 
where it is converted into a digital representation of the wave. 

3. The digital representation of the sound, a series of numbers, is 
stored in the sampler’s memory. 

4. To play the sample, the digitized representation of the sound 
must be converted back to an electronic waveform. 

5. The electronic waveform is sent from the sampler’s output to an 
amplifier and speaker(s). 

6. The speakers convert the electronic waveform back into an 
acoustic waveform. 

7. We hear the acoustic waveform as sound. 
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Ultimately, we need to know what is going on inside your sampler, 
where sound is represented digitally (as a series of numbers). However, 
when you look at the steps involved in turning a sound into a sample, we 
see this isn’t where the process begins. Before the sound can be digi- 
tized, it must first be converted into an electronic signal. Before that ever 
happens, something must produce a sound. So where do we begin? At 
the beginning, of course! 

4.1 What Is Sound? 

Not surprisingly, everything revolves around sound. You’re turning 
sounds into samples and then turning the samples back into sound 
again. Any changes you make along the way (whether they’re planned 
or accidental) will ultimately affect the sound of the sample when you 
play it back. So let’s begin here by defining what sound is. 

From a subjective point of view, sound is anything we are capable of 
hearing, but what stimulates our sense of hearing in the first place? Our 
ears respond to very small changes in air pressure. These pressure 
changes are called sound waves. 

Sound waves are disturbances caused by something that vibrates in a 
medium (like air or water). When that infamous tree falls in the woods 
(whether there is anyone around to hear it or not), a series of sound 
waves are generated as surely as a series of water waves would be 
generated if the tree fell into a pond (whether or not there was anyone 
there to see the ripples in the water). 

Sound has three unique subjective properties: pitch (high-low), timbre 
(bright-dark), and loudness (loud-soft). These three attributes of sound 
are mutually independent, but must each be present to some degree in 
order for us to actually hear anything. They correspond to three physi- 
cal properties: frequency (pitch), waveshape (timbre), and amplitude 
(loudness). 

Sound waves can depicted graphically in a variety of ways. The most 
common method (and often the most useful) of drawing a sound wave is 
to show amplitude as it changes over the passage of time. Vertical dis- 
tance on such a graph (called an oscillogram) shows a wave’s ampli- 
tude. If we are talking about acoustic waves, amplitude represents loud- 
ness. It represents voltage for electronic waveforms and a numeric 
value for digital waveforms. In any case, the graph of the waveform will 
look the same regardless of whether it is representing acoustic, elec- 
tronic, or digital information. Horizontal distance shows the passage of 
time. Waveforms from pitched sources of sound show up as repeating 
patterns. The number of patterns in a given space is frequency, and the 
shape of the individual pattern is waveshape (which we hear as timbre). 
Figure 18 illustrates how these different sound parameters look graphi- 
cally. Many samplers (or software voicing programs) display represen- 
tations of sound waves using this format. 


This isn’t the time or place to go into a complete discussion of all the 
subtleties and nuances of what makes up sound. There’s so much to 
explore that we could write a book about it. In fact, we did! If you’d like 
to know more about the properties of sound, and in particular, how they 
apply to music and synthesis, we strongly recommend Secrets of 
Analog and Digital Synthesis, which is available as both a book and a 
two-hour video course. 
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Figure 18 : Waveform Parameters. The three waves in row A differ only in frequency. They 
have equal amplitude and are the same shape (sine wave). The waves in row B are identical 
except for amplitude. The first two waves in row C differ only in wave shape. The final wave in 
row B differs in ail characteristics from the other two. Not only is it a different shape, but its fre- 
quency and amplitude are different as well. 

4.2 Changing Sound Into Electronic Signals 

A microphone is a device made to convert small changes in air pressure 
(sound) into small changes in electrical “pressure” (voltage). Essentially, 
it is a very simple machine. A very thin membrane, called a diaphragm, 
can move in and out in response to changing air pressure. When there 
is no sound present (and therefore the ambient air pressure is constant), 
the diaphragm remains stationary. When the pressure becomes higher 
than normal, the membrane is pushed inwards. When the pressure 
becomes lower than normal, the membrane is pulled outwards. 

Microphones are designed so that, whenever the diaphragm moves from 
its normal position, an electrical voltage is produced. (There are various 
methods for doing this, thus the various types of microphones: carbon, 
dynamic, condenser, electric condenser, etc.) The farther the mic’s 
diaphragm is displaced (in either direction), the higher the voltage pro- 
duced. When the diaphragm is pushed inwards, the voltage is positive. 
When it is pulled outwards, the voltage is negative. 

That’s how a microphone converts sound - a continuously changing 
pressure wave - into audio - a continuously changing electrical wave; 
pressure changes are converted directly into voltage changes. The term 
analog is often used to describe this kind of smoothly changing electri- 
cal signal. If we were to graph both the sound wave and the electrical 
output of the microphone, we’d see that both graphs were identical 
(Figure 19) (given a perfect microphone, of course!). 
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Electronic Waveshape (Voltage Changes) 


Figure 19: A microphone converts changes in air pressure (sound) into changes in voltage lev- 
els (analog audio). The pressure and voltage changes correspond to each other in a simple, 
one-to-one manner. Graphing either the acoustic or electronic signal will produce the same 
image. 

The outputs of the other potential sampling sources we’ve mentioned, 
such as tape recorders, CD players, electronic musical instruments, etc., 
all produce the same kind of continuously changing analog electronic 
signals. You should be aware that these electronic signals, i.e., analog 
audio, are what your sampler is actually “sampling.” 

4.3 Changing Electronic Signals Into Digital Samples 

So, as we’ve already mentioned, the sampler actually converts an ana- 
log electronic signal into a digital signal. How exactly is that done? Even 
though we use samplers to “record” and playback sounds, in some ways, 
they have more in common with a motion picture camera than they do 
with a tape recorder. So much so in fact, that it’s worth taking a brief 
look at how movies are made to find out how samples are made. 


In a sense, the camera is a sampling system, and the film is its memory. 
Instead of sampling sound, it samples images. Its internal mechanism 
periodically “looks” via a system of lenses at whatever it happens to be 
pointed at. Each of these glimpses lasts for only a brief instant. That sin- 
gle instant is captured on a single frame of film. After a short period of 
time, the camera advances to the next frame, looks again, and this new 
moment is recorded there. The exposed film becomes a series of these 
frozen moments, each one showing a “sample” of what was going on the 
instant it was exposed. The process continues until you stop the camera 
or run out of film. 



Figure 20: A movie camera periodically “looks” at what it is focused on and records continuous 
action as still pictures. The movie consists of a series of frames. Each frame is analogous to a 
single “sample.” 




What’s interesting about this process is that it creates a partial record of 
what occurred in the real world. Although we call them motion pictures, 
the motion isn’t recorded on the film. Each frame is an individual still pic- 
ture. We only perceive motion when the frames are displayed very 
rapidly, one after the other. 

Suppose, for example, that you made a movie of a ball bouncing along- 
side a ruler (Figure 20 ). As you watch the scene “live,” you see the ball 
move up and down in one continuous, uninterrupted motion. If you 
examine the frames of the movie, however, you’ll find that each one is 
just a still picture of the ball and the ruler. If you look closely, you’ll see 
that the ball’s vertical position changes slightly from frame to frame. 
When you compare the ball’s position against the ruler, you’ll see that 
there are, indeed, gaps between its location from frame to frame. So 
how come when the movie is shown you see motion? 

Ah hah! You’ve just hit upon the fundamental premise of sampling sys- 
tems. It is not necessary to “capture” motion in one continuous (i.e., ana- 
log) stream. As long as enough individual samples are taken in a given 
amount of time, it is possible to recreate the original motion by rapidly 
playing back the samples in their original order. If they are played back 
at the same speed they were taken, the motion will appear to be the 
same as it originally occurred. If they are played back slower, the 
motion will appear to be slowed down, and if they are played back faster, 
the motion will appear speeded up. (Of course, you can also change the 
order in which they are played - for which your movie may earn critical 
acclaim and an Oscar for editing. ) 

Let’s stay with the movie analogy to sampling a bit longer. We’ll see if 
we can come up with the critical factors that affect how well (technically, 
not artistically) a given movie will turn out. 

1 . Sampling Rate (the rate at which progressive frames of film are 
exposed): The higher this rate, the more accurate the represen- 
tation of action will be. Actions will seem more fluid as more 
frames are exposed in a given period of time. Actions will seem 
jerky as fewer frames are exposed in the same period of time. 

2. Sampling Resolution (the resolving power of the film): In other 
words, how precise will the images recorded on each frame be? 
With motion pictures, resolution is measured by the frame size. 
70mm has higher resolution, and potentially sharper images, 
than 8 mm. We emphasize the word potential, because frame 
size alone does not determine the quality of the imagery. Other 
factors such as the optical system will also affect overall image 
quality. 

3. Sampling Memory (the amount of film available): This will ulti- 
mately determine the length of the movie you can take. 

There’s nothing very hard to understand here, is there? It all makes a lot 
of sense. If you’ve ever seen any super-slow-motion photography or 
those high-speed silent skits on ‘The Benny Hill Show,” you’ve seen how 
the rate of exposure affects the way that action is reproduced (sampling 
rate). All of us have seen the difference in clarity between 
Cinemascope and Dad’s home movies (sampling resolution). You also 
know the length of the movie is determined by how much film is used 
(sampling memory). Guess what? If you’ve stayed with us so far, then 
you already understand the fundamental principles that all samplers use! 

Think of the sampler as an electronic movie camera. Unlike the movie 
camera however, it has no lenses. Instead, the sampler has an audio 
input jack. Rather than capturing samples of actions that occur in front 
of its lens, it captures samples of the analog audio signal being fed to its 
input ( Figure 21). 
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Its internal mechanism periodically “looks” at whatever signal happens to 
be connected to its input via an electronic circuit called an Analog To 
Digital Converter (ADC). Each glimpse lasts for only a brief instant. 


What it “sees” is a voltage level moving up and down (just like the bounc- 
ing ball!). This up and down motion is the amplitude changes in the elec- 
tronic waveform. When it takes a sample, the ADC measures the height 
of the wave. (It compares the level to its own “ruler.”) The measurement 
is, simply enough, a whole number: big numbers for large amplitudes, 
small numbers for small amplitudes. Plus (+) and minus (-) signs repre- 
sent positive and negative voltage. (Samplers use the binary version - 
ones and zeros - of numbers instead of the decimal version we’re 
accustomed to working with. A number is a number, is a number, 
whether you call it “seven,” “7,” or “0111 .”). The number is put into a sin- 
gle word of sampling memory. (In this example, a word of memory is to 
a sampler, as a frame of film is to a movie camera.) After a brief period 
of time, the sampler looks again, measures the input level, and puts the 
new measurement into the next word of memory. The memory contains 
a series of these values. Each one holds the level of the input signal at 
the instant the sample was taken. The process goes on until you stop 
the sampler or run out of memory. 

Does this sound familiar? As long as enough samples are taken in a 
given amount of time, it is possible to recreate the original waveform by 
converting the digital values back into voltage levels rapidly and in the 
same order that they were sampled. The conversion of digital numbers 
to voltage levels is done by a Digital to Analog Converter, or DAC (what 
else?). If the samples are played back at the same speed they were 
taken, the sound will have the same pitch (and last as long) as the origi- 
nal. If the playback rate is slower, the pitch will be lower (and the sound 
will last longer). Increasing the playback rate will raise the sound’s pitch 
(and make it shorter). You see, the camera and the sampler really do 
work in a very similar way. You can even change the order in which the 
samples are played. (No, they don’t give out Oscars for sample editing. 
How about a Grammy?) 
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Samplers and movie cameras are so similar in fact that the three critical 
factors for taking good movies also apply to making good samples. All 
we have to do is substitute some of the film terminology with sampling 
terminology. 

Critical Factors For Making Good Samples 

1 . Sampling Rate (the rate at which progressive words of memory 
are written): The higher the sampling rate, the more accurate 
the representation of the original signal will be. Higher sampling 
rates will produce samples with better frequency response 
(fidelity) than lower sampling rates. 

2. Sampling Resolution (the resolving power of the ADC): In 
other words, how precise will the value written to each word of 
memory be? With samplers, resolution is measured by the 
word size of the analog to digital converter. Sixteen bits has 
higher resolution, and potentially cleaner audio, than eight bits. 
We emphasize the word potentially, because word size alone 
does not determine the quality of the audio. Other factors such 
as the analog input and output circuits will also affect the overall 
audio quality. 

3. Sampling Memory (the amount of memory available): The num- 
ber of digital “words”-one word for each sample - will determine 
the ultimate length of the sound(s) that can be recorded. 

These are the “big three” of sampler specs. Although you can’t judge 
any sampler on the basis of of these specs alone, they will give you at 
least a baseline from which to start an evaluation. (Read more about 
interpreting specs and evaluating samplers in Specs Specs Specs....) 
Since they are the critical factors in determining the quality of sampling 
features (not to be confused with voice or performance features) for a 
given instrument, it’s worth looking into them further at this point. 

Sampling Rate 

As you heard in experiment #6, sampling rate has a direct effect on the 
fidelity of a sample. The higher the rate, the better the fidelity. By fideli- 
ty we mean frequency response. Faster sampling rates can capture 
higher frequencies than slower rates can. This means that higher sam- 
pling rates will yield samples with more accurate Top end.” For any 
sampling rate there is a best case limit of the highest frequency it can 
record. This is called the Nyquist limit and it is about one half the sam- 
pling rate. Samplers can’t record frequencies above the Nyquist limit 
accurately. They will produce low-frequency tones in the sample that 
were never in the original signal. This undesirable effect is called alias- 
ing. In order to prevent it, all samplers have special anti-aliasing filters 
built into their input circuitry to remove frequencies above the Nyquist 
limit. Some samplers will allow you to adjust this filter’s cut-off, while 
others change it automatically. Check your manual for details. 


We weren’t just kidding around when we said samplers and movie cam- 
eras have a lot in common. Aliasing can be a problem in motion pic- 
tures, too. Instead of hearing something that wasn’t part of the original 
sound, you’ll see something that wasn’t part of the original image. Next 
time you’re watching an old western on the “So Late It’s Early Show,” 
watch those stagecoach wheels. During the big chase (when it careens 
out of control through the gulch), you may notice that the wheels look 
like they’re going backwards. You’ve probably noticed this before. If 
you’ve ever wondered about it, now you know that it is the visual equiva- 
lent to aliasing. It is caused by the wheels turning faster than the movie 
camera’s version of the Nyquist limit. 







Figure 23: Sampling Resolution 


You should keep in mind that the Nyquist limit is an ideal figure. For 
instance, given a sampling rate of 30kHz, the best possible frequency 
response is about 15kHz (Figure 15). However, in the real world, there 
are other factors that affect frequency response (like the design of the 
audio input circuitry, etc.). You can use the Nyquist limit as a convenient 
reference (“Hmm, let’s see, I’m sampling at 20kHz, so I should be able to 
catch highs up to about 10kHz.”), but be aware that the actual top-end 
limit is probably somewhat less than the ideal figure. 

As we learned above, sampling can be looked at as a matter of mea- 
surements. The sampler looks at, and measures, the input waveform. 
The measurements are recorded, and then the original is reconstructed 
by using the recorded measurements. Obviously, the authenticity of the 
reconstruction will be limited by the accuracy of the “rulers” used to take 
the measurements. Figure 22 shows the same original waveform sam- 
pled at three different rates. The rates are shown as rulers. The higher 
the sampling rate, the more divisions on the ruler. You can see that, with 
higher sampling rates, you can measure (record) finer horizontal details 
in a waveform. Horizontal details translate into frequency components of 
a waveform. The finer the detail, the more high frequencies (harmonics, 
etc.) in a sound. Now you know why changing the sampling rate 
changes your sampler’s frequency response. 

Sampling Resolution 

Samplers must make measurements on a vertical scale as well. Vertical 
details on a waveform graph translate to loudness changes in the origi- 
nal waveform. So the more divisions on a sampler’s vertical ruler, the 
more detailed loudness changes the sampler can measure and record. 
This will be the determining factor in establishing the dynamic range of 
the sampler, and is referred to as sampling resolution. Sampling resolu- 
tion sets the size of the sampling “window” (Figure 12 ). The higher the 
resolution, the wider range of dynamics you can sample before they 
become distorted or noisy. 

The number of divisions on this vertical ruler is determined by the num- 
ber of bits used by the analog to digital converter. The common sizes 
used by sampling instruments are eight bit, twelve bit, and sixteen bit. 
These translate to 256, 4,096, and 65,536 divisions, respectively. 
Therefore, a sixteen-bit sampler should have a bigger dynamic range 
than an eight-bit sampler, and so on. In theory, each bit means a differ- 
ence of 6dB in the dynamic range. So an eight-bit system will have a 
48dB range, twelve-bit would be 72dB, and sixteen- bit works out to 
96dB. However, just like the Nyquist limit, these distinctions are based 
on ideal, theoretical limits. In the real world, there are other factors 
besides word size that will affect dynamic range. Figure 23 illustrates 
three different sampling resolutions against the same input waveform. 
Note that higher resolution allows you to make finer measurements on 
the vertical scale. (By the way, the three “rulers” shown-eight, sixteen, 
and thirty-two divisions, illustrate the difference between three-, four-, 
and five-bit samplers!) 






E Mu’s Emulator III uses a sixteen-bit linear ADC to achieve an S/N ratio of 87dB. 


Sampling Memory 

Unlike sampling rate and sampling resolution, sampling memory doesn’t 
affect the quality of a sample but, rather, the quantity. The amount of 
sampling memory determines the maximum length of sampling time 
available to you. The length will, of course, vary with the sampling rate. 
You will often need to convert either memory size into a time value 
(“How many seconds can a sample with 128k of memory produce?”), or 
time into memory size (“How much memory do I need to sample 3.5 sec- 
onds?”). Figure 24 shows how to do the math for these all-important 
sampling questions. 



Length In Words ||_ 

Sampling Rate | V [Length In Seconds h 



Length In Seconds |j = [ 

Length In Words 1 / Isampling Rate | 



Figure 24: Sampling Memory Calculations 


4.4 What’s The Point? 

Why is it important to know all this stuff? Well, there are three basic 
“facts of life” that will have a direct effect on your success (or lack of it) 
with sampling. 

1 . Whenever something gets converted from one format to another 
(in this case, acoustic to analog audio, to digital audio, and back 
again), there is always a chance that some changes will be 
introduced by the conversion process. In fact, you can count on 
it! 

2. Another important factor is that there are usually some overall 
limitations to the conversion process. If you try to convert things 
beyond the limits, the results of the conversion will be distorted. 

3. Finally, whenever you convert from one format to another, you 
have a chance to alter or enhance the original, so the converted 
result is no longer a “clone” of the original. 
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What it all boils down to is this: A lot may and/or will happen to a sound 
between when it is generated acoustically and when it is played back by 
your sampler. Once the conversion is completed, be it acoustic to ana- 
log or analog to digital, there is no going back. For the most part, 
changes to your original sound (intentional or not) will be there “to stay” 
for the life of that particular sample. 

Take “Fact 1 ,” for example. Selection of various sampling rates will have 
a definite (audible) effect on the resulting sample. You may not care if 
some of the high end of a particular sound gets lost when it’s sampled. 
The point is to be aware that it will happen, so that when you do care, 
you can take appropriate steps. (See The Sampling Session.) 

As to “Fact 2,” be sure to know the limitations of the instruments and 
other equipment you are using, both to produce sounds and get them 
into the sampler. Be particularly careful with levels. If the source sound 
is too loud, it will cause distortion in the acoustic-analog audio portion of 
the chain, and you’ll end up sampling a distorted version of your source. 
If the sound is too soft, the analog signal will be full of noise. Similar 
problems relating to level settings will occur when the analog signal is 
converted to digital by the sampler. If the analog signal is too high, the 
resulting sample will be distorted, and if it’s too low, the sample will be 
“gritty” and noisy. Once again, there is nothing you can do to remove 
distortion of noise from the analog signal or the final sampler after the 
conversion takes place. You can make adjustments before the conver- 
sion (change levels, pad inputs, use a compressor, etc.). Be sure to lis- 
ten very carefully to what you’re doing before, and after, you push the 
“Sample” button. 

Take a look at “Fact 3" again. This is where you can get creative and 
have some fun. Choose a microphone for its particular effect on the 
sound you want to sample. Don’t just stick it in the general vicinity of the 
source, but experiment with different placements. For that matter, exper- 
iment with where the sound itself occurs. (The sound of snapping fingers 
can be changed quite a bit by where you are when you snap them. Try 
it in your living room, and then try it again in an empty gym.) Once the 
sound has been converted to audio, there are any number of games you 
can play with it on its way to the sampler’s input jack. You can EQ it, 
reverberate it, flange, chorus, or delay it. You can even pump it through 
a guitar amp in that empty gym and mic it again! We will look into some 
of the specifics of using different kinds of processing gear in Section 2. 
The point we want to make right now is that you do have a lot of creative 
options at each step in the sampling process. Figure 25 shows the 
points in the overall process where you can apply some creative options. 



Figure 25: This diagram shows where a sound is converted from one form to another when it is 
sampled and played back. You have the option of modifying the signal at the points where it trav- 
els between two places. At point 1, your options include choosing a particular microphone and 
the environment where the recording takes place. At points 2, 3, and 5, you can use any number 
of audio processors, such as mixers, reverbs, equalizers, and compressors. At point 4, you can 
modify the original sound with the sampler’s voice-editing functions. 
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Once you understand the basic “facts of life,” you can apply them in a 
variety of ways. Much of what was once mystifying or intimidating 
becomes common place. As we mentioned above, your understanding 
of theory will open up a lot of creative options for you, but there are 
some very practical benefits to this understanding as well. If you haven’t 
taken the plunge yet and bought yourself one of these remarkable 
machines (or if you’re shopping for a new one), you’ll find that the “facts 
of life" can help you make intelligent and informed decisions on how to 
spend your hard-earned cash. 

We’ve included advice on how to makes sense of sampler specs, as well 
as how to make some hands-on evaluations of a sampler, in Specs... 
Specs Specs.... Before you can make the most of that information, 
you’ll need to know your way around the other features found on sam- 
plers, so let’s jump back into our guided tour. 
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Figure 26: Once the sound has been sampled, the next step involves modifying the sample itself 
with voice - editing functions. A typical sampler will provide both data - and sound-editing func- 
tions. Most editing functions require you to adjust several related parameters. It’s definitely 
worth it to take the time to get to know them! 


Most samplers do more than just sample and play back sounds. A typi- 
cal sampler has several voice-editing functions that allow you to manip- 
ulate and “fine tune” your basic sample (Figure 26 ). You can remove 
parts of the sample you don’t want, splice together pieces of different 
samples, and loop any part (or parts) of the sample to repeat in a variety 
of ways. When you are done editing the sampler’s data, you can edit its 
actual sound. You have access to many of the same powerful sound- 
design features found on the most sophisticated synthesizers. You can 
use envelopes, LFOs, filters, and other functions to mold the sample’s 
loudness, tone color, and pitch in any number of interesting ways. The 
final result will be a unique sampling voice of your own design. When 
you’re done with the editing process, the sample voice may sound com- 
pletely different than the original sample. That, of course, is up to you! 

Voice editing is independent of the sampling process itself. Of course, 
you will be editing sounds that have already been sampled, but the edit- 
ing functions are quite separate from the actual sampling functions. 
Even if you never plan on actually sampling sounds yourself, and instead 
work with factory-supplied samples or commercial sample libraries, you’ll 
find that proficiency with voice-editing techniques is extremely useful. As 
with the initial sampling process, voice editing involves a series of related 
functions and decisions. Let’s take a look at our overview of the sam- 
pling process again. 

There are two basic types of voicing parameters available on most sam- 
plers. Data Functions alter the actual sample data Sound Functions 
alter the three parameters of sound, pitch, timbre, and loudness. Below 
is a guide to the typical voicing functions of sampling instruments. 
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The E-Mu EMax offers a complete range of voice-editing features. 

5.1 Data Functions 

We learned in the previous section that the data of your sample is a 
series of numbers representing voltage values. The most common way 
to represent these values is as points in a graph. The resulting picture is 
an excellent representation of the original sampled sound wave. Even a 
very short sample will be made up of thousands (or tens of thousands) 
of these points. Most of the data functions on your sampler will require 
you to select specific points from within this large collection of data. 
Before we look at the actual editing functions, let’s take a look at the 
“anatomy” of a typical sample so you can learn your way around (Figure 
27 ). 



Figure 27: A sample is actually made up of thousands of individual sampling points. Most data 
functions, such as Loop, Truncate, and Splice, will often require you to select two specific points 
from within the entire sample. 


5.2 Sample Start/End Points 

Most data functions will require you to locate specific points within the 
sample. If you don’t have a visual editor, the best way to find these 
points may be to “audition” them by adjusting the sample start point and 
sample end point. By changing where the sample begins or stops when 
you play a key, you can find zero crossings by ear. (The sound will 
start/stop with no audible click when the start/end point is on a zero 
crossing.) You can also isolate and listen to small sections of a sample 
when looking for loop and splice areas. 








Experiment #8: Sample Start/End Points 


Step by Step: 

• Sample the phrase “I don’t know where I am.” 

• Set the sample start point to the start of the first “I." Write down the sample number. (For exam- 
ple: “ T start point = 35.”) 

• Reset the sample start point to the beginning of the next word, “don’t.” Write down the sample 
number. Do this for each word in the phrase. 

• Reset the start point to the first “I” again. (This is a cinch to do because you have the number 
already written down.) 

• Now set the sample end point to the end of this word. Start by setting it to the number you wrote 
down for the start of “don’t.” You’ll hear “I duh.” Move the end point towards the front of the sam- 
ple until you no longer hear the “d” sound, just “I.” Write the sample number. “ T ” end point = 
1 230. Do this for each word in the phrase. 

• Now that you know where everything is, practice moving around in the sample. Set the start and 
end points so you hear only one word at a time: “I,” “don’t,” etc. Try listening to combinations of 
words: “don’t know,” “know where,” etc. 


Observations: 

• When you are looking for loop, splice, and truncate points, you’ll need to be able to listen to small 
parts of the sample. If you don’t have a visual editor, the best way to find your way around is to 
use the sample start point and end point to focus in on parts of the sound. If you write down the 
sample numbers of these spots, you can use them to place loop and splice points. 

• Read more about this technique in Splicing and Loops. 


5.3 Truncate 

If your sampler doesn’t have a Truncate function, you can skip this for 
now and move on to the next feature, Splicing. 

The truncate function is used to remove unwanted spots from the begin- 
ning and end of a sample. Usually, this means taking out sections of 
silence. You are not limited to using truncate for removing silences. 
You may, for example, wish to remove all but one word or syllable from 
a phrase. 

When you sample a sound (especially if you're not using the auto-trig- 
ger function), very often you will catch a moment or two of silence 
before the sound begins. If the sound fades away before the sampling 
process stops, there will also be a silent spot at the end of your sample. 
These “dead spots” can cause some performance problems, and they 
waste sampling memory. 










Figure 28: Removing dead spots with the Truncate function 

If you have a dead spot at the start of a sample, your sampler will have 
to play through it every time you play a note. This means that, whenever 
you hit a key, there will be a slight pause between when you hit a key 
and when you hear your sample. 

By now, you should be aware that sampling memory is a very valuable 
commodity. You only have so much of it, so you must spend it wisely. 
Using up memory to sample silence is very wasteful. Since it is almost 
impossible to tell exactly when a sound will start and stop, it is almost 
impossible to create a sample that doesn’t have some wasted memory 
at the beginning or end. 

The truncate function lets you remove sections from the beginning and 
end of a sample (Figure 28 ). This makes it a perfect tool for cleaning up 
your samples. Whenever you create a sample you want to keep, make 
it a practice to truncate it so it has no dead spots. The sample start point 
and sample end point should be the first and last samples of your sound, 
not silence. 







Experiment #9: Truncate 


Step by Step 

• Manually sample the phrase “Rock and Roll." (Start the sampler before you start talking.) Note 
the length of the sample. 

• Listen to the sample to make sure you haven’t cut off the beginning of the word “rock.” 

• Play some rapid notes on the keyboard. Notice that when you play quickly from key to key that 
you don’t hear anything. (That’s because you’ve sampled some silence before you started to 
speak.) 

• Set the Sample Start point at the very beginning of the word “rock.” Be sure to locate the point 
so you don’t hear a click at the beginning of the word. 

• Set the Sample End point at the very end of the word “roll.” Be sure to locate the point so you 
don’t hear a click at the end of the word. 

• Play some rapid notes. You should hear the sampled phrase begin as soon as you strike a key. 

• Truncate the sample with these new end points. Compare the length of the truncated sample 
with the original version 

• Reset the start and end points of the truncated version to the start and end of the word “and.” 
Truncate with these new end points. 

• Listen to the new truncated version. Compare this length to previous length. 


Observations: 

• Truncate can be used effectively to remove “dead spots” from the beginning of a sample. The 
truncated sample will be heard as soon as a key is pressed. 

• Removing unwanted portions of a sample also saves memory. The truncated version will use 
less memory than the original. 

• You can use truncate to isolate small parts of a sample for splicing, etc. 

• On most samplers, the original sample is permanently altered when you execute the truncate 
function. It’s always a good idea to work with a copy of the original. 







5.4 Splicing 

If your sampler doesn’t have “Splicing” functions, you can skip ahead to 
the next feature, Loops. 

Your sampler’s splicing functions will let you combine two or more sepa- 
rate samples into one. The samples you combine can be completely dif- 
ferent sounds, say a tuba and a hand bell, or pieces extracted from 
samples like the attack of a kick drum and the ring of a bass guitar note. 
(You extract them with the truncate function). Once you’ve completed a 
splice, you’ll have a new sample, and that new sample can in turn be 
spliced to any other sample! 

The sampler may even let you pick the kind of splice you want to per- 
form. The two most common types of splices are the butt splice and the 
cross-fade splice . The butt splice is so named because the two sounds 
“butt” up against each other. The transition from one sound to another is 
very abrupt (Figure 29). 

When you create a butt splice, you have to be careful, or you will hear a 
click or pop at the splice point. This will occur if the end of the first sam- 
ple and the start of the second sample are at different levels. If you are 
using a visual editing system to create the splice, match the two levels 
as closely as possible. If the editor has a smoothing function, you can 
use that to make both levels the same. 

If you don’t have a visual editing system, you can match the level by ear. 
When you truncate the two pieces in preparation for the splice, listen 
very carefully. Adjust the end point of the first piece, so that the sound 
stops cleanly with no click. Adjust the starting point of the second piece 
in the same way. When you splice them together, the change from one 
sound to the other should be click free. 
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Figure 29: Sample A and Sample B are spliced together to create Sample C. The End point of A 
and the Start point of B must be carefully matched to produce a silent splice. If the levels are dif- 
ferent, a click will be heard at the splice point. 
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Figure 30: Cross-Fade Splice 


In a cross-fade splice, the two sounds are overlapped. (One fades out as 
the other fades in.) This produces a smooth transition from one sound to 
the other ( Figure 30 ). 

The first step in creating a splice is to decide what two samples you want 
to splice together. You are not limited to using entire samples for this 
function. You can, in fact, splice together “pieces” of samples. This is 
another way to use the truncate function. (Instead of removing dead 
spots, use it to extract the portion of a sample you want to use in a 
splice.) 

Once you have the pieces, you’re ready to splice them together. Of 
course, you have to decide which one comes first. You may also be able 
to adjust the loudness of the two pieces to get a good balance between 



Experiment #10: Splice (Butt Splice) 


Step by Step: 

• Create two samples: “Sample one” and “Sample two.” 

• Truncate “Sample one” to the word “one.” Leave some silence at the end of the word. Make sure 
the new sample ends without a click or pop. (See experiment #9.) 

• Truncate “Sample two” to the word “sample.” Set the start point right at the beginning of the word. 

• Use the splice function to combine these two samples into “One sample.” If the sampler is a 
Splice Level function, use it to balance the loudness of the two samples before you complete the 
splice. 

Observations: 

• A butt splice combines two samples by starting the second one immediately after the first one. 
This makes butt splices very effective with speech samples. 

• Sometimes you may need a longer pause between the words of a spliced phrase. You can sam- 
ple silence (sample half a second or so with the input level all the way down), and splice truncated 
portions of it in between the words in the spliced phrase. 













the sounds. If you are doing a cross-fade splice, you may be able to set 
the length of the cross-fade as well. The longer the cross-fade, the 
smoother the transition from one sound to the other will be. 


Although some samplers may allow you to splice several samples 
together, others can only work with two at a time. In either case, you 
can create sounds with as many splices as you want by splicing together 
samples that already contain splices. 


Experiment #1 1 : Splice (Cross-Fade Splice) 


Focus: Sample Edit Performance 


Key Settings: 

• Cross-Fade Time (X-Fade Time), Cross-Fade Level: refer to Step by Step below 


Step by Step: 

• Create two one-second samples. Sing a C with “Ah” for one, and sing an E with, “Oh” for the 
other. 

• If you need to, truncate the samples to remove any dead spots before or after the sung notes. 

• If your sampler has a Cross-Fade level function, use it to adjust the balance of the two samples 
so they have the same volume. 

• Now make three Cross-Fade splices, each one with a different Cross-Fade Time setting. (Try it 
with the fade time at 1/3, 1/2, and maximum.) 

• Assign each splice to a different original key, so you can listen to them “back to back.” 

• Play and compare the different splices. 


Observations: 

• A cross-fade splice combines two samples by overlapping the end of the first and the start of the 
second. The cross-fade time determines how much they overlap. Cross-fade splices are very 
effective when you want to create a new sound that is a merger of two different sounds. 

• To create an effective cross-fade splice, your samples shouldn’t have any dead spots where they 
overlap. Use the truncate function to remove silent areas before you make the splice. 

• You won’t have to worry about level matching the splice point of a cross-fade splice. The func- 
tion adjusts the start and end point levels of the two samples automatically. This will give you a 
clean transition from sound to sound with no clicks or pops. 


5.5 Loops 

If your sampler doesn’t have Looping functions, you can skip ahead to 
the next section, Envelopes. 


Perhaps the most powerful sampling function is looping. Loops extend 
the duration of a sample for as long as you want, regardless or how 
long the original sample was. They can be super memory savers, since 
you may not need to sample a very long sound to be able to play long 
notes. In fact, once you’ve looped a sample, you may want to re-trun- 
cate the sample, this time from the start of the sample to the end of the 
loop. You can discard the remaining part of the sample, since it won’t be 
heard (as long as the loop is active). 
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Figure 31: Loop Modes 


A loop is a section within a sample that will be played repeatedly when 
the sample is heard. A loop can occur in different places, relative to how 
you play a note. The most common loop mode is a sustain loop. If this 
is the only kind of loop the sampler has, it will repeat for as long as a key 
is held down and continue looping after the key is let up. Some samplers 
have a second loop mode called a release loop . It begins looping after 
the sustain loop (in other words, when a key is released), during the 
release portion of an envelope (more on envelopes coming up!). Some 
samplers (like the Casio FZ-1) have timed loops. These loops repeat 
for a user-definable length of time. They can occur before and/or after 
the sustain loop. 

Regardless of where in a sample they occur, all loops are defined by a 
start point and an endpoint. These two points can be located anywhere 
within the sample from the first sample to the last. Where they are 
placed will determine what part of the entire sample will be repeated. It is 
very important to understand that the portion of the sample following a 
sustain loop (or a release loop if it is used) will not be heard when the 
loop is active. This is the key to big memory savings! If you know you’ll 
always be using the sample with the loop active, you can truncate the 
sample to the loop end point and throw away the unused portion of the 
sample. This will give you more memory for other samples (Figure 31). 

You may be able to choose one of several different loop types on your 
sampler (Figure 32\. 

A forward loop plays from the start point to the end point. Then it goes 
back the start point and plays to the end point again. This pattern 
repeats as long as the loop is active. 

A reversing loop (sometimes called alternating loop or forward/back- 
ward loop) plays from the start point to the end point, and then from the 
end point to the start point. This pattern repeats as long as the loop is 
active. 

A cross-fade loop plays from the start point to the end point over and 
over again (like a forward loop), but the start and end of the loop over- 
lap. With a cross-fade loop, there is usually a separate parameter to 
adjust the length of this overlap. 
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Figure 32: Loop Types 



Experiment #12: Loop Modes 

Focus: Sample 

Edit Performance 


Key Settings: 


• Filter Cut Off : Maximum, Amplifier Release: 1/2 or more 

• Loop Modes: Sustain Loop, Release Loop (End Loop): refer to Step by Step below 

• Loop Start Point, Loop End Point, Loop Time: refer to Step by Step below 

Step by Step: 

• Sample the phrase, “Endlessly looping.” 

• Set the sustain loop start point immediately before “endlessly." 

• Set the sustain loop end point immediately after “endlessly.” 

• Play the sample at the original pitch. Notice that “endlessly” repeats as long as the key is held 
down and continues to repeat after you’ve lifted your finger from the key. (Be sure to use the fil- 
ter and amplifier settings above.) 

• If your sampler has a release loop (end loop), set the release loop start and end points immedi- 
ately before and after “looping.” 

• Play the sample at the original pitch. Notice that “endlessly” still repeats while a note is held 
down, but now “looping” repeats when you lift a key. 

• Try playing different pitches and chords. 

Observations: 

• A sustain loop can make even a short sample last indefinitely by repeating a portion of it while a 
key is held down. 

• The portion of the sample after the sustain loop will not be heard (if there’s no release loop). 
This means that you can truncate the sample at the sustain loop end point if you want to save 
memory. (Remember, save the original and work on a copy.) 

• The portion of the sample in a release loop will not be heard until after the key is released. 

• The portion of the sample after the release loop will not be heard . This means that you can 
truncate the sample at the release loop end point if you want to save memory. (Remember, 
save the original and work on a copy.) 

• In order to hear anything after a key is released, you must adjust the filter and amplifier. 
(Experiments with these settings are coming up.) 








As we mentioned above, looping is one of the most important sampling 
functions. It is also one of the trickiest to set up correctly. Why are loops 
so important? Looping provides you with a method for extending the 
duration of a sample without using additional memory. You could have a 
sample of a trumpet that is only a half of a second long, but with a well- 
placed loop, you could play the trumpet note for as long as you wanted! 
Also, the sound of loops has become a very popular effect (a la M-M-M- 
Max Head roo-roo-roo-room!). 

Why are loops so tricky? Improper placement of the start and end points 
can introduce “glitches” into your sample. If the levels are not properly 
matched, you will hear repeated clicks or pops during the loop. If the 
loop is in the wrong spot in the sound, a repetitious “breathing” may be 
heard instead of a smooth sustained note. If the start and end points are 
not set at a proper distance from each other, strange buzzing sounds 
may be produced during the loop. A lot depends on which two points 
you select out of the several thousand (or tens of thousands) points that 
make up your sample. Fortunately, many samplers provide you with 
special loop types and functions that will help simplify the looping pro- 
cess. If your instrument has a graphic display or you’re using a visual 
editor, you’ll find setting loops becomes even easier. Let’s take a look at 
what causes the different kinds of glitches and how to avoid them. 

Level and Pitch Matching 

A loop is very similar to a splice. A forward loop is like a butt splice. 
The point in the splice where one sound stops and the other starts is just 
like the point where the loop changes from the end point back to the start 
point again. The start and end points should have the same level. If they 
don’t, you’ll hear a pop when the waveform jumps between the two lev- 
els. If the pitch of the sound drifts at all during the looped section of the 
sample, a vibrato or other “bump” in the pitch will result (Figure 33). If 
you want to produce a steady pitched sound with a loop, it’s extremely 
helpful if the source has a steady pitch. If not, you can use a short 
loop-more on that in a bit. 
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Figure 33: Level and Pitch Mapping in a Loop 
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If you have a visual editing system, you’ll find it is extremely helpful in 
finding two points with matching levels. If you don’t, you can do it by ear, 
like we did with splicing. Use the truncate function to isolate the section 
you want to loop (experiment# 8). Adjust the sample start and sample 
end points so you hear just the section you want to loop with no pops. 
Write down the location of the two points. Set the sample start and end 
points back to the first and last points in the sample again. Now set the 
loop start and end points to the values you wrote down. The loop should 
be glitch free. 

Another way to avoid this problem may be to use a different loop type. A 
reversing loop creates a perfect level match, since the waveform never 
jumps between the start and end points. This can be a very quick and 
effective way of setting up a click-free loop. However, if the loop is fairly 
long, you may find the alternation between normal and “backward” sound 
to be a bit disconcerting. 

Gross-fade loops will also automatically eliminate clicks at the loop point, 
since they effectively set the loop’s start and end points to zero. 

Many samplers also provide an auto looping function. They work in a 
variety of different ways, but the basics are pretty much the same. You 
set a loop start point, and the auto loop function tries to locate an end 
point with a matching level. The loop will be click free, but it may be too 
long or too short. A typical auto loop function will let you continue to set 
new end points that match your start point level, making the loop longer 
or shorter each time. By using the function repeatedly, you can find the 
right loop size. When you use auto looping to try out different end points, 
be sure to write down the locations of the points that sound good to you. 
This way, you can listen to your favorites without having to repeat the 
whole process over again. 

Setting Loop Lengths 

Since there are so many points within a single sample, where’s the best 
place to put a loop, and how long should it be? There is no single 
answer to this all- important question. The best locations and lengths of 
loops will vary with the type of sound and the effect you want to achieve. 
There are, however, some general guidelines we can pass on to you. 

Loops for Repeating Effects 

• If you are looping to create repeated speech effects, your ears 
will help you find the portion of the sample to loop. Don’t forget 
to include some silence at the end of the loop, or the word (or 
words) that a#e looped will run together. If you loop the word 

• “loop,” for example, and don’t leave a pause in the loop, you’ll 
think you’re hearing “plooplooploo," not ’’loop loop loop.” 

• To create specific looping rhythms, set the loop length to equal 
the time of the desired note. In other words, if you want to loop 
an eighth-note rhythm at a tempo of 120 beats-per-minute (quar- 
ter note = 1 beat), make the loop length .25 seconds. Then 
adjust the start or end points to get a click-free loop. (See the 
note box for how the calculations were done.) 

• If you need to insert a pause into a loop, sample silence (nothing 
connected to the input when you sample) and splice a piece of it 
into the sample to be looped. 
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To convert a musical value to a loop length, multiply the sampling rate 
times the length of the rhythm unit. The length of the rhythm unit is equal 
to 60 divided by the number of notes per minute. For example, here’s 
how we got the value for the quarter notes in experiment #14. At a 
tempo of 120 beats-per-minute, there are (of course)120 quarter notes 
every minute. So 60 divided by 120 equals .5. If the sampling rate is 

25.000 (25 k), then the number of samples in a quarter-note loop is 

250.000 multiplied by .5 (12,500). 


Experiment #13: Loop Types 

Focus: Sample Edit Performance 

Key Settings: 

• Sample Length: 1 second 

• Loop Types: Forward (Normal) Loop, Reversing (Alternating) Loop, Cross- Fade (X-Fade Loop): 
refer to Step by Step below 

Step by Step: 

• Sample the word ’’Loop." Draw out the “oo” part of the word (“Loooop”). 

• Make one copy of this sample for each loop type yours sampler has. For example, if your sam- 
pler can do forward, reversing, and cross-fade loops, make three copies. 

• Set one of the copies for a forward loop. Using the coarse control, set the loop start point to just 
after the “luh” part of the word. Use the fine control to find a spot that won’t click. 

• Use the coarse control to set the loop end point to just before the “puh” part of the word. Use 
the fine control to find a spot that won’t click. This will give you a loop of just the “ooo” sound. 
Assign this sample to C2 on the keyboard. 

• Set the next copy of “Loop” for a reversing loop (if you have that function), and set up a loop of 
the “ooo” part of the word as you did before. Assign this sample to C3 on the keyboard. 

• Set the next copy of “Loop” for a cross-fade loop (if you have that function), and set up a loop of 
the “ooo” part of the word as you did before. Set the cross-fade time to about 1/3 of its range. 
Assign this sample to C4 on the keyboard. 

• Listen to and compare the “ooo" sound with the different loop modes. (If you have a cross-fade 
loop, be sure to listen to it with different fade times.) 

• Readjust the loop start points to the beginning of the sample, so that now the sound “loo” is 
looped. 

• Listen to and compare the “loo” sound with the different loop modes. 


Observations: 

• Each loop produces a different effect. The differences are subtle with fairly constant loops, like 
“ooo,” but can be very obvious with loops that change, like “loo.” 

• When looping speech, forward loops produce the most natural effect. Reversing and cross-fade 
loops of speech, while not natural, sure are interesting. 

• For musical situations, all three types can be equally useful. 







Loop Sizes For Common Rhythmic Values 

To find the loop size for any rhythmic value, multiple the sampling rate times the length 
(in seconds) of the desired rhythm unit. (Round off your answer to a whole number.) 
To find the length of the rhythm, divide 60 (seconds) by the number of the desired 
rhythm units per minute. For example, what loop size will produce eighth= note triplets 
if the tempo is 120 beats-per-minute and the sampling rate used is 15=k? 

60 seconds/360 eighth=note triplets per minute = 1 .66667 

and... 

15,000 sampling rate X 1 .66667 =2,500.05 
so... 

after rounding off the result, the loop size is 2,500 


Rhythm Unit 
Whole Note 
Half Note 
Quarter Note 
Eighth Note 


Tempo (BPM) 

Seconds I 

2.000000 

1.000000 ; 

0.500000 

0.250000 


Quarter Note =120 


Eighth=Note Triplet 0.166667 
Sixteenth=Note Triplet 0.083333 


8K Loop Size 
16000 
8000 
4000 
2000 



Whole=Note Triplet 

1.333333 


Half=Note Triplet 

0.666667 


Quarter=Note Triplet 

0.333333 I 


15K Loop Size 
30000 
15000 
7500 

3750 

1875 


30K Loop Size 

60000 

30000 

15000 

7500 

3750 



Rhythm Unit 


Whole Note 

Half Note 

Quarter Note 


Eighth Note 

Sixteenth Note 


Whole=Note Triplet 
Haif=Note Triplet 
Quarter=Note Triplet 
Eighth=Note Triplet 


Temj. 

I Seconds 


2,400000 

1.200000 

0.600000 


EHHH 


1.600000 


0.800000 

0.400000 

0.200000 


Sixteenth=Note Triplet 0.100000 1 800 


BPM l Quarter Note = 100 

8K Loop Size I 15K Loop Size I 30K Loop Size 


19200 36000 

9600 18000 

4800 9000 18000 

"2400 4500 9000 

4500 

48000 

6400 12000 24000 

3200 6000 12000 

1600 3000 6000 

800 1500 3000 


Rhythm Unit 

Whole Note 


Half Note 


Quarter Note 


Eighth Note 

Sixteenth Note 
Whole=Note Triplet 
Half Note=Triplet 
Quarter Note=Triplet 
Eiqhth=Note Triplet 
Sixteenth=Note Triplet 


Tempo (BPM) Quarter Note = 80 

Seconds 8K Loop Size I 15K Loop Size - 

3.000000 2 


1.500000 12000 22500 


0.750000 6000 U250 

0.375000 3000 5625 

0.187500 1500 2813 

2.000000 16000 30000 

1.000000 8000 15000 

0.500000 4000 7500 

0.250000 2000 3750 

0.125000 1000 1875 


8K Loop Size 

15K Loop Size 

24000 


12000 

22500 

6000 

11250 

3000 

5625 

1500 

2813 

16000 

30000 

8000 

15000 

4000 

7500 

2000 

3750 

1000 

1875 
















Experiment #14: Tuning Loop Rhythms 

Focus: Sample Edit Performance 

Key Settings: 

• Sampling Rate, Sample Length: 1 second 

• For this experiment, you’ll need to play your sampler and listen to a sequence, drum machine, or 
metronome playing a steady tempo at the same time. You can listen to a repeating sequence of 
music or just a steady beat. Set the tempo for 1 20 beats (quarter notes) per minute. 

Step by Step: 

• Write down the sampling rate (for example, 25,000). Set the sample length for 1 second. 

• Sample the sound of a single finger snap. (Be sure to sample an entire second.) You’ll need at 
least a half second of silence following the “snap.” If you have to, adjust the start point so that 
you hear the snap as soon as you touch a key. 

• Assign the sample to a two-octave ranije of keys: original key C3, upper key C4, lower key C2. 

• Set the loop start point at the beginning of the snap. Write down this number (for example, Loop 
start point =31). 

• Multiply the sampling rate times 0.5 (for example, 25,000 X 0.5 = 12,500). Add this number to 
the loop start number you wrote down (12,500 + 31 = 12,531). 

• Set the loop end to the number you got from the last step. 

• Start the music or metronome. Play the original key (C3) on a downbeat. You’ll hear finger 
snapping in perfect quarter-note rhythm. 

• Play the C above and then the C below (also on downbeats.) You’ll hear eighth notes and then 
half notes. Now try it with the F# above and below the original key. You’ll hear quarter-note 
triplets and half-note triplets. 

• Try playing two note chords, octave C’s, tri tone C - F#, etc. 

Observations: 

• If you know the tempo and the sampling rate, you can create loops that will be in perfect time. 
The arithmetic to figure out the loop lengths is very simple. Figure 34 shows the formula, and 
has a chart with timing values for many tempos and sampling rates already figured out for you. 

• Transposing from the original pitch will of course alter the rhythm. Higher pitches will be shorter, 
lower pitches longer. Octave shifts will double (or halve) the rhythmic value. Tri-tone shifts (a 
‘Hat five") will produce a triplet effect (3 against 2). 






Inaudible Loops 


Loops are most frequently used to extend the duration of a sample with- 
out requiring any additional memory to be used. A properly set sustain 
loop can extend even a very short sample to any musical duration you 
want. In order for the looped sound to retain its natural quality, the loop 
must be inaudible. In other words, you don’t want to hear the looping 
effect, just a smooth continuous sound. Here are some things to keep in 
mind when setting up these kinds of loops. 

• In general, sounds with noticeable changes in pitch, timbre, or 
loudness during the course of a note are trickier to loop than 
sounds that are relatively stable. For this reason, it is usually 
good to avoid sampling sounds with vibrato, tremolo, or other 
modulation effects (like chorus or flanging) if you intend to loop 
them. The same holds true with many percussion sounds, since 
their loudness changes radically over a very short time. 

• In order to create an undetectable loop, it is important that the 
pitch and general waveshape in the area of the loop start and 
loop end points match as closely as possible. 

• Many sound sources drift in pitch over the course of a note. 
Sometimes this can be avoided by careful performance. At 
other times, a certain amount of pitch shift may be unavoidable. 
If a pitch change occurs inside of a loop, you will hear what 
sounds like vibrato during the loop. As you play higher keys, the 
vibrato speed will increase, and when you lower the keys, the 
vibrato speed will slow down. 

• If the amplitude or shape of the waveform is dramatically differ- 
ent at the loop points, you will hear repeating tremolo, or “breath- 
ing,” during the loop. The speed of this effect will also increase 
or decrease as you play higher and lower keys. 

As you can see, there are a lot of factors that can affect the sound of a 
loop. Finding the right starting point and determining the proper length 
for a loop will often be an exercise in patience, using a trial-and-error 
approach. However, the “art” of looping is not as mysterious as many 
seem to think. There are two basic kinds of loops: short loops and long 
loops. Once you understand what they are, how to set them up, and the 
effects they produce, looping goes from esoteric to common sense. 

A short loop is one which happens so quickly that we are not able to 
hear it repeat. Instead, we will hear an actual buzz or pitch. This will 
occur with loop lengths smaller than about 50ms. (That’s 746 samples 
at a 15K sampling rate.) When using a short loop, it is important to 
match the pitch of the loop with the pitch of the original sample. Care 
should be taken in the setting of the sampling rate and the tuning of the 
instrument being sampled. We’ve given you a chart (Figure 37) to help 
you pick the best settings. It is important to realize that the pitch of a 
tuned loop is determined by the size of the loop, not the pitch of the sam- 
pled sound. 'Since these loops are so short, many of the problems men- 
tioned above will not be heard. However, these loops are very “dry” 
sounding, and generally don’t sound natural with samples of sounds with 
effects (like phase shifters or delays) or with samples of groups of instru- 
ments playing at once. 

Long loops (more than 50 ms.) won’t be heard as a pitch but, rather, as a 
repeating section of sound within a sample. A long loop is generally 
best when you want to loop a sample of multiple instruments (like a 
string section), a sound with chorus, or some other repeating type of 
effect. The trick to setting long loops is to find a section of the sound that 
can repeat without sounding unnatural. Regardless of whether you use 
a long loop or a short loop, the first step is to define a loop start point. 
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Finding The Loop Start Point 

Most sounds will change radically during the attack portion of a note. 
The best place to start a loop is often right after the attack when things 
“settle down.” (In a sample of the word “loop,” this would be during the 
“oo” portion of the sound.) This generally holds true whether you are 
going to set up a long or short loop. Changes in pitch and loudness dur- 
ing the attack of a note are by no means undesirable. Much of what 
identifies an instrument is changes that occur as the instrument begins to 
“speak.” In most musical situations, once the attack has been complet- 
ed, the player generally will try to keep the pitch and loudness steady for 
the held part of the tone. (We’re not worrying about effects like vibrato or 
tremolo here.) You can accomplish this with even a short sample by 
putting the loop right after the attack. If you have a visual editing system, 
it is usually quite easy to see this area and pick a spot to place the loop 
start point (Figure 35 ). 



Figure 35: Loop start points generally work best when they are placed in the sustain portion of a 
sample. The best spot is often right after the attack portion “settles down.” This illustrates the 
placement of the start point in a sample of the word “loop” as in experiments 13, 15, and 16. 


If you are working without the benefit of being able to see the waveform, 
you can locate the start point by ear. Move the sample start point (using 
the truncate function), by small amounts, from the start of the sample. 
Continue to readjust the start point until you no longer hear any of the 
attack sound of the sample. Once you’ve gotten past the attack, adjust 
the start point in single-sample increments until you can start the modi- 
fied sample without a click. Write down this location, and put the sample 
start point back at the first sample again. Now set the loop start point to 
the location you wrote down. 

Finding The Loop End Point: Short Loops 

Ideally, the loop length should be equal to a whole number multiple of the 
frequency of the sound you are looping. With a visual editor, you merely 
have to look for the pattern of the waveform, and place the end point on 
a matching point in the pattern at some point beyond the start point 
(Figure 36). 

Some samplers let you set up a loop by specifying the end as an actual 
point (i.e., sample number 8,937 is the end point). Others will ask you for 
the length of the loop (i.e., the loop is 3,230 samples long). In our exam- 
ples, we use the first method. If you need to convert a loop endpoint to 
a loop size, all you have to do is subtract the loop start point from the 
loop end point. That number is the loop size. If you need to convert a 
loop size to a loop end point, simply add the loop size to the loop start 
point. That number is the loop end point. 







Figure 36: The best short loops are just one complete cycle long. 

If you can’t see the sample, you can locate the point by ear or by the 
numbers. Let’s do it by the numbers first. As we mentioned above, the 
tuning of the loop is determined by the number of samples in the loop. It 
doesn’t matter what the pitch (if any) of the sample is. Of course, most 
of the time, you will want the loop and sample pitches to match. Always 
be sure to check the tuning of the instruments as you sample them. To 
find the loop size, divide the sampling rate by the frequency of the pitch 
you’ve sampled. That is the proper loop size. Set the loop size on your 
sampler to this number, and you will hear the correct pitch. That’s all 
there is to it! We’ve given you a chart that shows the loop lengths for dif- 
ferent frequencies and sampling rates (Figure 37). Use this chart to pick 
a location for the end point (or determine the loop length, if that’s how 
your sampler sets loops), and play a note. The loop will definitely be in 
tune. The question at this point is: Does the loop tuning match the rest 
of the sample’s tuning? Since most sounds fluctuate in pitch by at least 
some amount, you may still have a few adjustments to make. You can 
resample the source (this time check the tuning as you record it), or if 
the sound is on tape, you can try the varispeed sampling technique men- 
tioned in The Sampling Session. 

Another possibility is to fine tune the loop’s pitch to the sample’s pitch by 
ear. If the loop is sharp compared to the sample, make the loop length 
longer, one sample at a time. The loop’s pitch will drop to match the 
sample’s. If the loop is flat, shorten the loop length one sample at a 
time. The loop will rise to match the sample’s. When you’re done, you’ll 
have a loop that’s in tune with the sample, but the whole thing will be out 
of tune with the rest of the A=440 world (which is why the “by the num- 
bers” technique didn’t work right off the bat). Most samplers have a 
retune function for just this situation. Use it to get the sample in tune 
with the rest of your sounds (and next time, check your tuning before 
you sample). 

Here’s how to set up a short loop by ear from scratch. Begin by setting 
the loop end point 100 or so samples beyond the loop start point. 
Chances are that you will hear a strange buzzing sound while the note is 
sustaining. The buzz will be at some other pitch than the original sam- 
ple. Don’t be discouraged; this means you’re getting close! If the loop 
pitch is flat compared to the original sample, then the loop is too long. 
(You’ll need to move the end point backwards.) If the loop pitch is sharp 
compared to the original, then the loop is too short. (You’ll need to move 
the end point forward.) Shift the end point one sample at a time in the 
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proper direction, and play the note again after each change. The loop 
pitch will start to move closer to the sampling pitch. Continue to adjust 
in this way until the two pitches match. The loop length is now set for 
one cycle of the sampled frequency. 

You may find that you can’t match the pitches exactly: one end point and 
the loop pitch is flat, the next and the loop pitch is sharp. (This happens 
when the frequency of the sample can’t be divided into an even number 
of samples at that sampling rate.) Here’s a trick to try in this situation. 
Multiply the loop length by two, and set the end point for the new length. 
Listen to the new loop pitch, and try retuning. If the pitch difference is 
still unacceptable, multiply the original loop length by three, and try 
again. Continue until the pitches match. (Each time you increase the 
loop length in this manner, you will decrease the pitch difference 
between the loop pitch and the sample pitch.) 

If you can’t get a perfect match, you may want to try re-sampling the 
sound. This time, adjust its pitch (or the sampling rate) so the values 
match those on the chart. 


















Experiment #15: Tuning Short Loops 

Focus: Sample Edit Performance 

Key Settings: 

• Sample Length: 1 Second 

• Loop Type: Forward (Normal) 

• Sample Rate, Loop Start Point, Loop End Point: refer to Step by Step below 

Step by Step: 

• We’re going to sample the word “Loop” again, but this time sing it at the pitch of “middle C.” Try 
to hold the pitch as steady as you can. 

• Set the loop start point in the beginning of the “oo” sound, after the “luh” part of the word. Write 
down the sample number of this point (for example, loop start point = 3000). 

• To find the loop length, divide the sampling rate by 261 .6, the frequency of the pitch “middle C,” 
(for example, 25,000 / 261.6 = 95.5). Round off your answer to a whole number to get the loop 
length for “middle C” (95 samples). 

• Add the loop length to the loop start point number. Set the loop end point to this number. 

• Play the original key. You will hear your voice singing “Loooooooo.” The sustained portion will 
be tuned to “middle C.” 

• Keep the loop length the same, but try moving its location. Listen to the difference when it is 
closer and farther from the “luh” part of the sample. 

• If your sampler can do it, try changing the loop to the reversing (alternating) mode. The pitch of 
the loop will now drop one octave. (This happens because the reversing loop is twice the size of a 
forward loop.) 


Observations: 

• In a short loop, the number of samples determines the pitch of the loop, regardless of what pitch 
you sampled. 

• You don’t have to worry about clicks and pops with short loops. 

• The sound of a short loop is very steady. No pitch or timbre changes will occur during the loop 
(unless you create them with the LFO, amp, or filter functions). 

• Short loops work great for single-instrument sounds like voice, sax, trumpet, etc. The trick is to 
put the tuned loop right after the natural “attack” sound (in this case, the “luh” part of the sample). 

• Notice that only a very small portion of the sample is actually heard. You can save a lot of 
memory by truncating the sample after the loop end point, since you won’t hear that part anyway. 






Finding The Loop End Point: Long Loops 

As we mentioned above, longer loops are often best with samples of 
long notes played by multiple sound sources: String sections, vocal 
choirs, multiple oscillator synthesizer patches, etc., are good examples. 
Long loops also work well with samples of sounds that have been played 
through effects devices, like chorus, flange, or delay units. The 
“richness” that characterizes these sounds is caused by continual 
changes in their pitch, timbre, and loudness. Sometimes, as in the case 
of a sound processed with a chorus effect, the rate of change is regular 
and predictable. More often, as in the case of a string or brass choir, the 
rate of change varies and seems to be random. Using a short loop on 
sounds like these would “freeze” the change for the duration of the 
sustain, and that rich quality would be lost. Long loops also work well 
with mechanical sounds, such as machinery and engines, or any sound 
with a repetitious nature (like a ticking clock or a telephone ’s “busy” 
signal). 

The key to setting a long loop for sounds with even cycles of change is 
to try to identify one cycle of change and set the loop length to match 
that cycle. For example, if you want to create a sustain loop of a guitar 
note being played through a phase shifter, you should set the loop to be 
equal to one complete “sweep” of the phase shift effect. In the case of a 
string section, where the change is not regular, it is usually best to make 
the loop as long as possible, as long as starting and ending areas of the 
loop match in pitch, timbre, and loudness. This way, within the overall 
loop, you will have retained as many of the irregularities that occurred 
during the course of a note as possible, while creating an inaudible loop. 

A visual editor will help you identify these patterns of change. If you can, 
set the scale of the editor so that you can see the overall shape of the 
entire sample. Look for repeating patterns in the overall shape of the 
sample. Set the loop start and end points to match the start and end of 
one pattern (Figure 38). If you can see no regular pattern, look for the 
longest sustained portion of the sound. Set the loop start and end points 
to the edges of this area. Now change the scale so you can see the 
exact samples you’ve set your loop points to, and adjust them so that 
the levels match. (This eliminates clicks in the loop.) 

Play a sustained note and listen. If the loop sounds unnatural, try out 
any optional loop types, such as cross-fade or reversing, that your 
sampler has. Many times, changing the loop type will do the trick. If you 
are still unhappy with the loop, reset it on a different pattern. 

Without a visual editor, you can find patterns by ear. It takes some 
practice at first, but you can do it. To begin, set the loop start point using 
the method we outlined above. (See Finding The Loop Start Point.) 
Next, find the spot where the sample starts to decay. (You’ll want to put 
your loop end point before this spot.) In our sample of the word “loop,” 
the sustain portion of the sound would be right before the “puh” sound at 
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Figure 38: The longest loop that retains the natural sound is your objective when setting up a 
long loop. 




the end of the word. This is the point where the original sound stops 
holding and begins to fade away. Usually, this is easy to hear, and you 
can quickly move the loop end point to a spot right before the decay 
begins. 

You can use the truncate function to zero in on this area if you’re having 
trouble hearing it. Move the start point all the way to the end of the 
sample. (You’ll hear nothing when you play a note.) Now start moving it 
back towards the front of the sample. (Use the coarse control, or move 
a few hundred samples at a time.) At first, you will hear just a soft click, 
but soon you will recognize the sound of the end of your sample. It will 
be relatively soft and percussive (i.e., it will start to fade out the instant 
you hit a key). As you keep moving the start point, this percussive 
sound will grow louder and louder, and the fade out will become longer 
and longer. Eventually, you will hear the level hold steady for an instant 
before the sound starts to fade away. This is the point you are looking 
for. Write down the location. Move the sample start point back to the 
first sample in the sound, and set the loop end point to the location you 
wrote down. 

Your loop is now set to the maximum size for this particular sample. It 
will probably be too long a loop for most sounds, but once you’ve set 
these limits, you can narrow it down from there. Hold down a key and 
listen. If the loop doesn’t sound quite right, try out the different loop 
types before you change the loop points. If you feel you can get a better 
loop, then begin by either moving the loop start point forwards or the 
loop end point backwards. After you’ve done this a few times, you’ll get 
a feel for which one you want to try first. 

In either case, move the selected loop point a few hundreds samples at 
a time. Continue to listen with smaller “slices” of the sound in the loop 
each time, until you find the one that works best. When you hit a setting 
that sounds close, don’t forget to try the different loop types before 
moving on. (This is the kind of situation where cross-fade and reversing 
loops work best.) Write down the locations that sound good so you can 
return to them. If you still haven’t found the perfect loop after this 
process, reset the loop points to the settings that sounded the best, and 
try “fine tuning” them by moving the loop points in smaller amounts. 



The Roland S-220 offers an Auto Loop function that will automatically seek the correct loop 
points. 




Experiment #16: Long Loops 

Focus: Sample 

Edit Performance 


Key Settings: 


Sample Length: 2 Seconds 

Loop Type: Forward, Reversing, Cross-Fade: refer to Step by Step below 
Loop Start Point, Loop End Point: refer to Step by Step below 


Step by Step: 

• Once again, let’s sample the word “Loop.” Sing it at “middle C” for two seconds. Hold it as 
steady in pitch and loudness as you can. 

• Locate a spot in the beginning of the “oo” part of the sound that starts with no click. Read 
Finding The Loop Start Point if you need help on how to do this. Set the loop start point to this 
sample number. 

• Locate a spot right before the “puh” sound at the end of the word. Set the loop end point to this 
spot. 

• Play the original key. If there is a big difference in the loudness of the sound between the start 
and end of the loop, move the loop end point closer to the loop start point. Read Finding The 
Loop End Point: Long Loops for some tips on how. 

• Once the general levels of the start and end of the loop match to your liking, use the fine 
(individual sample) control to find a click-free spot for the loop end point. 

• If your sampler has different types of loops, make a copy for each type and listen to the loop 
each way. (You may have to readjust the end or start point slightly.) Be sure to try different fade 
times. 

• Listen to the different versions of the long loop. Compare them with the short loop version of the 
same sample. 


Observations: 

• In a long loop, the pitch is determined by the sound you sampled, not the size of the loop. 
Changes in pitch (as well as timbre and loudness) are natural to many sounds. These changes 
can make finding good loop spots quite a challenge. 

• With long loops, you must be careful to avoid clicks caused by mismatched start and end point 
levels. If you have a visual editor or automatic “smoothing” function built in to the sampler, level 
matching is pretty simple. If you don’t, move the sample start and end points around to find 
silent spots as we describe in Finding The Loop End Point: Long Loops. 



5.6 Sound Functions 

The parameters discussed above provide you with ways to actually 
manipulate the data in your samples. As you have seen, sampling data 
can be moved, re-ordered, and recombined in a variety of musically 
useful ways. Most samplers also provide methods for manipulating your 
samples even further. Once you have finished editing the data 
parameters, you can edit sound parameters to alter a sampler’s pitch, 
timbre, and loudness. 


The sound functions that make up most samplers are set up and behave 
in the same way as most synthesizers. In other words, filters, amplifiers, 
envelope generators, and LFOs do precisely the same things whether 
you find them on a synthesizer or a sampler. The only difference 
between them is that synthesizers use oscillators as a sound source, 
and samplers use digital samples. 


If you are already comfortable programming synthesizers, then you will 
find these functions and their uses quite familiar. If this is new territory 
for you, once again we would like to recommend our synthesizer course, 

Secrets Of Analog And Digital Synthesis 




Figure 39: This diagram shows the audio path of a typical sampler. The sample is converted to 
an analog signal, and that signal runs through a synthesizer-type filter and amplifier before you 
hear it The three main points in the path are where you can change the pitch (1), timbre (2), 
and loudness (3) of your sample. Pitch changes are made by changing the rate the digital 
sample data is converted into analog signals. Changing the filter’s cut-off frequency will alter the 
timbre of the sample. Changing the amplifier’s output level will alter the loudness of the sample. 


When you play a key on a typical sampler, the sample passes through a 
synthesizer-type filter and amplifier, before it gets to the output jack on 
the back of the instrument (Figure 39). Depending on the sampler, the 
filter and amplifier may be of analog or digital design, but from our point 
of view as players, it makes no difference. In either case, what is 
important is that the filter and amp can be controlled by envelope 
generators, low-frequency oscillators, and performance controls such as 
velocity and pressure as well. 


















Experiment #17: What Does The Amplifier Do? 

Focus: Sample Edit Performance 

Key Settings: 

• Amplifier Level, Volume, or Amplifier Envelope Sustain: refer to Step by Step below 


Step by Step: 

• Try this with the tuned loop version of “Loop” from experiment# 15. 

• When you play a key, you should hear the sample continue as long as a key is held down (like 
an organ note). While playing, adjust the amplifier level parameter. If your sampler doesn’t 
have a separate level parameter, you can do the same thing by adjusting the volume control or 
the amplifier envelope sustain parameter. Notice that the loudness of the sample changes. 


Observations: 

• The function of the amplifier is simple, yet very important. It determines how loud the sound 
coming from your sampler will be. 

• It is important to realize that, when you control the amp from another function, like an envelope 
generator, LFO, or velocity, it will do the same thing you did in this experiment-change the 
loudness of the sample. That’s all that happens! 

• The amp must be “opened” for you to hear anything. Most samplers are set up so that the amp 
is automatically opened all the way by an envelope generator. (This way you don’t have to do 
anything extra to hear a sound.) 

• As you’ll learn in the other experiments, you can really change the character of the original 
sound by controlling the amp with other functions. 


What Does The Amplifier Do? 

After going through the filter, your sample is routed through an amplifier. 
The amplifier is a sophisticated loudness control. The parameter 
associated with the amplifier is usually labeled loudness or level. It 
controls the loudness of your samples when you play them back. 

What Does The Filter Do? 

The filter is a sophisticated tone control that can affect (dramatically!) 
the timbre or tone color of your samples. The parameter associated with 
the filter is usually labeled cut-off point or, simply, brightness. The filter 
changes timbre by removing frequencies above its cut-off point from any 
sound that is passed through it. In a sampler, the sound that is passed 
through the filter is (of course!) a sample. If the cut-off point is set to its 
highest value, then no frequencies are removed from the sound (and the 
filter is said to be “open”). If the cut-off point is set to its lowest value, 
then all frequencies are removed from a sound (and the filter is said to 
be “closed”). When the filter is open, your sample will have its original 
timbre. As the filter is closed, the sample will sound progressively 
darker and darker, until at some point, you will hear no sound at all. 
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The Yamaha TX 16 W has an all-digital audio path, yet it still allows you to play with a sample’s 
pitch, timbre, and loudness. 

Remote Control 

What makes the filter and amplifier such powerful features is the fact 
that their settings can be changed automatically, while you’re playing a 
note, by other functions called envelope generators and LFOs. Equally 
important is the fact that they can also be controlled by your own perfor- 
mance, such as how quickly you strike a key or how much pressure you 
apply to the key when you hold it down (Figure 40 ). 


Experiment # 18 : What Does The Filter Do? 


Focus: Sample 


Key Settings: 


Performance 


Filter Level, Filter Envelope Sustain: refer to Step by Step below 


Step by Step: 


Use the same sample you used in the amplifier experiment. 

The filter envelope sustain parameter controls the filter’s cut-off point. The sampler automatically 
sets this to the maximum value when you first start. As you play some notes, try changing this 
parameter to different values from maximum all the way to minimum and back again. Listen to 
the effect this has on your sound. 

Notice that, at some point near the lowest setting, the sound will completely disappear. 


Observations: 


The filter alters the timbre (brightness) of your sample by removing high frequencies from it. 
The lower the setting, the fewer high frequencies in your sound. It is possible to set the value so 
low that no frequencies (and therefore no sound!) will pass through the filter. Be aware that, if 
the filter is “closed,” you will hear nothing, even if the sample is a sustain loop and the amplifier is 
wide open. 

When the filter is opened all the way, you hear your sample as it was originally recorded. 

It is important to realize that, when you control the filter from another function, like an envelope 
generator, LFO, pressure, or velocity, it will do the same thing you did in this experiment-change 
the brightness of the sample. That’s all that happens! 

As you’ll learn in the other experiments, you can really change the character of the original sound 
by controlling the filter with other functions. 
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Figure 40: Most samplers allow you to control the three main points in the audio path with a vari- 
ety of functions. This diagram shows a typical controller configuration. 


5.7 Envelopes 

Most samplers have two envelope generators (EGs): one for the filter, 
and one for the amplifier. Although each EG is used to control a differ- 
ent function, they are both identical in terms of how they work. The most 
typical form of EG is called an ADSR (named after the first letter of each 
of its four parameters: Attack , Decay, Sustain, and Release). 

You can think of the EG as “moving” the filter and amplifier levels up and 
down when you play a key. When no keys are held down, these levels 
are set wherever you’ve left them. (The default value for these settings 
on most samplers is zero.) When you push down a key, the EG will 
move the starting level up to its maximum value, called the peak level. 
Once it reaches the peak level, it will immediately change to the sustain 
level you’ve selected with the sustain parameter. (The default value for 
sustain on most samplers is the maximum amount.) The filter (or amp) 
will remain at the sustain level as long as you hold down a key. When 
you stop pressing a key, the level will drop back down to the initial stat- 
ing point again. 



Figure 41: Envelopes with Sustain settings greater than 0 will keep the amp or filter open as 
long as a key is held down. To create a sound that will continue as long as you want, use this 
kind of envelope with a sample with a Sustain Loop. Envelopes with 0 Sustain will eventually 
fade away to nothing. In this kind of percussive envelope, the Decay setting determines how 
long the fade out is. 
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You can control how quickly the level changes from the starting level to 
the peak level by adjusting the attack parameter. The decay parameter 
determines the rate of change from the peak level to the sustain level. 
(If both the peak and sustain levels are thesame, you won’t hear any 
change.) The release parameter determines the rate of change from 
the sustain level back to the starting level. The cycle of changes is 
always the same: attack, decay, sustain, release. The rates and levels 
of the changes can be varied in any number of useful ways ( Figure 41). 

It is not uncommon to find a sampler whose EGs have more parame- 
ters than ADSR. If so, the EG functions in the same way, but it has 
more than just three levels (starting, peak, sustain) and three rates 
(attack, decay, release). Usually, the levels and rates are simply num- 
bered. For example, the Casio FZ-1 offers envelopes with eight levels 
and eight rates. 


Experiment #19: Amplifier Envelopes 

Focus: Sample Edit Performance 

Key Settings: 

• Amplifier envelope parameters: attack, decay, sustain, release(rates and levels): 
refer to Step by Step below 

Step by Step: 

• Write down the values of each rate and level (or the settings for A, D, S, and R). This is the 
default setting for your sampler. It is good to know what they are, so you can return to them if 
you want. 

• Set all the rate parameters (attack, decay, release) to their shortest values. Set the sustain level 
value (and end level if it is adjustable) to minimum. If the envelope has additional levels, set 
them to maximum. When you play a note now, you will hear nothing or just a short click. 

• Replay a note while adjusting the value of the attack (rate 1) parameter. Change the value and 
play a note. You will hear the note fade in (quickly at first, more slowly as you increase the val- 
ues). Be sure to wait to hear the complete event (they’ll get pretty long!) before you stop the note 
and reset the value. When you’ve listened to the complete range of values, reset the value to its 
original setting. 

• Repeat the above with each of the other rates. 

• When you are done with the rates, try the same procedure with the sustain and other level val- 
ues. 


Observations: 

• The amplifier envelope generator can dramatically alter a sample’s loudness “shape.” In order to 
hear the original loudness dynamics of a sample, set the envelope to the default values. 
Changing from the default settings will create new loudness shapes for the sample. 

• Envelopes with sustain levels above zero will continue as long as a key is held down. Envelopes 
with sustain levels at zero will fade away eventually, even if you continue to hold down a key. 

• If you want to hear amplifier release effects, make sure that the filter envelope is set for the 
same, or even longer, release time as the amplifier envelope. 








Experiment #20: Filter Envelopes 

Focus: Sample Edit Performance 

Key Settings: 

• Filter envelope parameters: attack, decay, sustain, release (rates and levels): refer to Step by 
Step below 


Step by Step: 

• Use the same sample as for the previous envelope experiments. 

• Before you begin, make sure that the amplifier envelope is reset to the default values. 

• Write down the values of each rate and level (or the settings for A, D, S, and R). This is the 

default setting for your sampler. It is good to know what they are, so you can return to them if 
your want. 

• Set all the rate parameters (attack, decay, release) to their shortest values. Set the sustain level 
value (and end level if it is adjustable) to minimum. If the envelope has additional levels, set 
them to maximum. When you play a note now, you will hear nothing or just a short click. 

• Replay a note while adjusting the value of the attack (rate 1) parameter. Change the value and 
play a note. You will hear the note fade in (quickly at first, more slowly as you increase the val- 
ues). Be sure to wait to hear the complete event (they’ll get pretty long!) before you stop the 
note and reset the value. When you’ve listened to the complete range of values, reset the value 
to the original setting. 

• Repeat the above with each of the other rates. 

• When you are done with the rates, try the same procedure with the sustain and other level val- 
ues. 


Observations: 

• The filter envelope generator can dramatically alter a sample’s timbre “shape.” To hear the tim- 
bre dynamics of the original sample, set the envelope to its default settings. Changing these set- 
tings will create new timbre shapes. 

• Envelopes with sustain levels above zero will continue as long as a key is held down. Envelopes 
with sustain levels at zero will fade away eventually, even if you continue to hold down a key. 

• If your filter envelope closes the filter (very low or zero sustain values) and nothing else keeps it 
open (like the LFO or pressure), you'll hear no sound regardless of how the amplifier envelope is 
set. 

• If you want to hear filter release effects, make sure that the amplifier envelope release is set to 
the same, or even longer, release time as the filter envelope. 







Experiment #21 : Synthesizing 
Sustain Envelopes 

Focus: Sample 

Edit Performance 


Key Settings: 

• Sampler Volume Level: optimum setting (as described in owner’s manual) 

• Amplifier Envelope Sustain Level: refer to Step by Step below 


Step by Step 

• Use the same sustaining “Loop” sample as with the other envelope experiments. 

• If necessary, set the filter and amp envelopes to their default settings. 

• Lower the amp envelope sustain level to the point where the sound is barely audible. Write 
down the value. Return the level to its maximum value. 

• From now on, when setting up sustain envelopes for this sample, never set the sustain level 
below this point. This will give you the cleanest signals possible for the sample. 

• If you want to hear the sample’s natural loudness dynamics, set the envelope parameters to the 
default settings. 

• If you want to synthesize new dynamics, set the sustain parameter to the loudness level you 
want during the sustain portion of the envelope and then adjust the rates to suite your taste. 

Observations: 

• Even a very short sample can have a natural sounding, unlimited sustain if the amplifier enve- 
lope and sustain loop are set properly. 

• If you sampled the sound with compression, this is the way to restore the original dynamics. The 
advantage of this technique is improved signal to noise, which means that your samples will be 
quieter! To restore the peak that gets “squashed” during compression, set the sustain to about 
3/4. Now adjust the decay rate (make it slower) until the peak sounds natural. 







Experiment #22: Synthesizing Percussive Envelopes 


Focus: Sample 


Key Settings: 


Performance 


Amplifier Envelope Decay Level, Amplifier Envelope Sustain Level: 0 
Sampler Volume Level: optimum setting (as described in owner’s manual) 


Step by Step 


Use the same sustaining “Loop” sample as with the other envelope experiments. 
If necessary, set the filter and amp envelopes to their default settings. 

Lower the amp envelope sustain level to 0. 

Adjust the decay rate until sample has the percussive shape you want. 

If you want to, adjust the release rate to simulate “ring.” 

If you want to create an unnatural attack for the sample, adjust the attack time. 


Observations: 


Even a very short sample can have a natural sounding, long decay if the amplifier envelope and 
sustain loop are set properly. 

If you sampled the sound with compression, this is the way to restore the original dynamics. 
The advantage of this technique is improved signal to noise, which means that your samples 
will be quieter! To restore the original decay that was “squashed” during compression, adjust 
the decay rate (make it slower) for a natural sounding fade out. 


Like EGs, an LFO is another control function. It allows you to continu- 
ously vary pitch, timbre, and loudness with a variety of wave shapes. 
This type of control is called modulation, and most samplers have a spe- 
cial controller (called, of course, the mod wheel). The mod wheel is 
used to control the level (or modulation amount) of the LFO. In order to 
hear its effect on your samples, you must connect it to the function you 
want to control. Most samplers have a default connection to pitch, which 
produces vibrato effects. You can also connect it to the filter and/or 
amplifier for “wah wah,” tremolo, and other repeating effects. Your 
owner’s manual will tell you how to make the connections (Figure 42 ). 













Experiment #23: LFOs 

Focus: Sample 

Edit Performance 


Key Settings: 


• LFO Rate, LFO Waveshape, LFO Delay Time: refer to Step by Step below 

• Filter LFO Depth, Amplifier LFO Depth, Oscillator LFO Depth (Mod Wheel): refer to Step by 
Step below 

Step by Step: 

• Use the same sample you used in the envelope experiments. If necessary, return the envelope 
settings to their original values. 

• To control pitch, most samplers route the LFO through the mod wheel. Turn it up about halfway. 
You will hear a fairly quick, very wide vibrato. Adjust the LFO rate parameter so that you can 
clearly hear the shape of the default LFO wave shape. (This will be either a sine wave or a trian- 
gle wave.) 

• Return the mod wheel to the off position. Adjust the amplifier LFO depth parameter you will be 
playing. You will hear the same shape, except now instead of controlling pitch (vibrato), you will 
hear it controlling loudness (tremolo). 

• Return the amplifier LFO depth to zero, and repeat the above procedure with the filter LFO depth 
this time. Now you will hear a timbre tremolo (often referred to as wah). Be sure you can hear 
the difference between the pitch, loudness, and timbre changes produced by the same LFO 
wave shape, at the same rate. If you can’t, alternate back and forth between control of the oscil- 
lator, amplifier, and filter until the distinction is clear to you. 

• Repeat the above for each of the different wave shapes available. 

• When you are comfortable with how the LFO affects the sample, try different rate and delay set- 
tings. 

Observations: 

• The most common use of the LFO is for vibrato, sine, or triangle control of a sampler’s pitch. 
Many interesting effects can be obtained by controlling the amp (loudness changes) and the filter 
(timbre changes) as well. 

• The delay function can be used to fade the LFO effect in gradually. This is more natural sound- 
ing than leaving the effect on all of the time. 


5.9 Velocity 

If your sampler doesn’t have Velocity functions, you can skip ahead to 
the next feature, Pressure. 

Many samplers will let you control the filter and/or amp levels with veloci- 
ty, which is determined by how quickly you push down a key (Figure 43). 
Controlling the amplifier with velocity will allow you to create piano-like 
dynamics with any sound you sample (yes, even with piano samples, 
too!) Controlling the filter in the same way further enhances the dynamic 
expression available to you. Almost any sample will sound better with a 
small (or not so small) amount of velocity control on the amp and filter. 
Beware that velocity is affected by how fast you push the keys down, not 
how hard you strike them. 








Figure 43: Velocity is usually routed to both the fitter and amplifier. At each point, there is an 
adjustable sensitivity parameter. This will give you the most flexibility in performing timbre and 
loudness dynamics from the keyboard. 



Many samplers also use velocity to switch or merge different samples. 
We’ll look into that in Velocity Mapping. 




If your sampler doesn’t have Pressure functions, then you can skip 
ahead to the next section, Making An Instrument From Voices 


Pressure is a control function that, like velocity, is determined by how 
you play on the keyboard. In this case, it is not the speed at which you 
depress the keys, but rather the force you apply once the key is all the 
way down. Some instruments refer to this as after touch or after pres- 
sure. Pressure is often used to control the LFO level, as an alternative 
to the mod wheel. This makes it possible to control modulation effects 
without the need for using one hand to control the wheel. Another com- 
mon usage for pressure is to control the filter and amplifier level 
(Figure 44 ). 





















Experiment #24: Velocity 

Focus: Sample Edit Performance 

Key Settings: 

• Amplifier Velocity Level, Amplifier Velocity Sensitivity (Normal/Reverse), Filter Velocity Level, 
Filter Velocity Sensitivity (Normal/Reverse): refer to Step by Step below 

Step by Step: 

• Use the same sample as for the previous experiments. 

• Set the amplifier velocity sensitivity parameter to its maximum value. Play the keyboard with a 
variety of different velocities, and note the effect on the sound. The quicker you strike the keys, 
the louder the sample will be. Change the sensitivity parameter and play some more. 

• If the sampler has a reverse function, set the velocity sensitivity to reverse. Play and listen. Now 
the quicker you play the keys, the softer the sound is. 

• If necessary, reset the velocity to normal, and set the amplifier sensitivity parameter to the mini- 
mum setting. Now every note is the same loudness, no matter how quick or slow you strike the 
keys. 

• Repeat the above, but this time, adjust the filter’s velocity parameters. This time, the timbre 
(brightness) of notes will change with different velocities. Make sure you can hear the difference 
between controlling the filter with velocity and the amp with velocity. If the distinction isn’t clear, 
alternate between the two. 

• When you are comfortable with what’s going on, try changing both the amp and the filter at the 
same time. If you can do it, try using reverse sensitivity on just the filter. (Then do it again with 
just the amp reversed.) 


Observations: 

• Velocity sensitivity allows you to play the sample expressively, in a manner that is very similar to 
playing a piano (or for that matter, a dynamic synthesizer). The most common usage is to 
change the amplifier only, so that fast is louder and, slow is softer. 

• You can make many sounds more expressive by also changing the filter just a little along with 
the amp. Now softer sounds will also be a little darker, and louder sounds will be a little brighter. 
Many acoustic instruments change timbre and loudness together in just this manner. 

• Reversing the sensitivity (especially on only the amp or only the filter) can produce some novel 
effects on a single sample. As we’ll see later on, it is very useful in creating layered sounds, too. 







Experiment #25: Pressure 

Focus: Sample 

Edit Performance 


Key Settings: 


• LFO Pressure Sensitivity, Amplifier Pressure Sensitivity, Filter Pressure Sensitivity: refer to 
Step by Step below 

Step by Step: 

• Use the same sample as the previous experiment. 

• Press a key, and apply firm, steady pressure to it while you increase the LFO pressure sensitiv- 
ity parameter for the oscillator. You will hear a pitch vibrato as though you where raising the 
mod wheel. Increase the value until the vibrato is quite distinct. 

• Now play the keyboard, and practice fading the vibrato in with pressure. When you are com- 
fortable with how this works, return the sensitivity parameter to its minimum setting. 

• Repeat the above, but this time increase the LFO filter pressure sensitivity and then the LFO 
amplifier pressure sensitivity. Note that the changes produced are still the standard LFO 
effects, except that you are controlling them with pressure. When you’re finished listening to 
these effects, return the parameters to the minimum settings. 

• Repeat the above, but now increase the amplifier pressure sensitivity. Now your pressure acts 
like a volume control. The harder you press, the louder the sound. If you turn the amplifier 
envelope level amounts down, you won’t hear anything unless you press hard on the keys. 
Return the settings back to where they where when your finished listening. 

• Repeat the above, with the filter pressure sensitivity parameter. This time, pressing on the keys 
produces a timbre change. The harder you push down, the brighter the sound becomes 

Observations: 

• Pressure provides another way to play your samples expressively. When used in conjunction 
with the LFO, pressure is an alternative to the mod wheel. You can phrase your LFO effects 
while keeping both hands on the keys. 

• Pressure control of the filter and amp is very useful, too. Use it to create swells when playing 
sustained vocal, string, or brass chords. 

• If the envelope levels are set relatively low, you can create samples that won’t be heard during 
normal playing. They will only sound when you press the keys. Try layering such a sound 
under a completely different, non-pressure-sensitive one, and control the mix of the two with 
pressure. 






5. 1 1 Visual Editing Systems 



Roland’s S-50 has a built-in video out port that can be interfaced with any RGB color monitor. 
Once connected, the user has access to Roland’s built-in visual editing and instrument program- 
ming system. 


In our tour of sampling parameters, we have mentioned how helpful a 
visual editing system can be when you are creating and modifying your 
samples. When this was written, Casio’s FZ-1 and Roland’s S-50/S-550 
were the only dedicated samplers that provided this capability with the 
unit. (You must provide a color monitor for the Roland instruments. The 
Casio has a built-in small, but very effective, LCD graphics screen.) 
Unless you own one of these instruments, you will need a computer and 
a visual editing software package designed for your specific sampler. 
For your convenience, we have included a list of visual editors, along 
with the computer(s) they run on and the samplers they work with (see 
Section 3). If you are serious about sampling (and in particular, if you 
already own a computer), we highly recommend visual editing systems. 
Not only do they facilitate such chores as locating loop points, splice 
points, etc., but a good editing package will often enhance your sampler 
by adding new features to it as well. Many editing packages also pro- 
vide you with intuitive, visual programming aids for setting up non-sam- 
pling features, too (such as keyboard and MIDI mapping). 

Since visual editing can be such a benefit to users of sampling instru- 
ments, we felt we should spend some time looking into the features of 
such a system. As an example, we are using a voice editor package 
from Digidesign called Sound Designer. We have selected this particu- 
lar program, because it supports a wide range of sampling instruments, 
and it is an excellent example of everything a good visual editor should 
be (and then some!). Sound Designer was also used to generate many 
of the waveform illustrations in this book. (Read How We Did It if you 
want to know more about how the book was produced.) 
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The Big Picture 

One of the most obvious advantages of a visual editing system is that it 
allows you to see a macro view of an entire sample (Figure 45). You 
can look over the complete sampled event and quickly see any prob- 
lems, such as: 

• Distortion from sampling with input level set too high 

• Potential noise problems from sampling with input level set too 
low 

• Clipped starts from improper auto trigger levels (or just starting 
the sampler too late) 

• Clipped tails from using too short a sampling length (or just stop- 
ping the sampler too early) 

• Dead spots at the beginning or end of the sample 

Also, looking at the macro view of a sample is an excellent way to locate 
segments to use for long loops. 
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Figure 45: Overview of Entire Sample 
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Figure 46: Micro View of sample shows individual points. 


The Little Picture 

The editor will also let you “zoom in” on a micro view of the sample. In 
effect, it becomes a kind of sound “microscope” (Figure 46 ). You can 
look at very small segments of the sound, seeing each individual sam- 
ple. This powerful feature greatly simplifies editing procedures that deal 
with locating or changing specific points within the sample, such as: 

• Identifying wave shapes to find the precise locations for small 
loops 

• Finding matching levels for loop and splice points 

• Locating and removing small clicks or pops in the sample 

A good system will provide specialized tools to make these editing jobs 
even easier to do (Figure 47). 
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Figure 47: Sound Designer's "Loop Window" is a special tool that Figure 48: Here is an FFT diagram showing the spectrum of a single 

helps make "glitch- free" loops. instant in the attack of trumpet note. 
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Figure 50: Graph A illustrates how radical timbre changes show up 
on a cascaded FFT plot. Graph B shows what pitch drift looks like 
on an otherwise consistent waveform. 

















Alternatives Views 


It is not uncommon for a visual editor to provide an alternative way of 
viewing a sample besides the standard waveform graph. Sound 
Designer and other editor programs, for example, allow you to view the 
sample as a Fast Fourier Transform or Spectrum graph. Rather than 
showing the sample as amplitude plotted against time (which shows a 
sound’s wave shape), an FFT plots frequency against time. This pro- 
duces a graph that shows the harmonic and non-harmonic make-up of a 
sound. If a very small portion of the sample is graphed as an FFT, you 
can see the partial structure (or spectrum) of the sound at that instant 
(Figure 48). 

The most useful way to use FFT plots, however, is to look at several of 
them at once, each plot showing a slightly later portion of the sample. 
By cascading several consecutive plots, you can actually see how the 
spectrum of the sound changes over the course of a note (Figure 49 ). 

A series of FFT plots can be very helpful in creating, modifying, and 
synthesizing sounds. If you are having trouble looping a sound, an anal- 
ysis of its spectrum may pinpoint the problem and help you to locate the 
best spot to put a loop. As we mentioned above, long loops may sound 
unnatural if they are placed in areas that contain relatively large changes 
in pitch, timbre, or loudness. It may not always be easy to see pitch and 
timbre changes on a standard waveform graph. A cascade of FFTs, 
however, will reveal these changes dramatically (Figure 50 ). 

FFTs can also help you find the right frequencies to equalize a trouble- 
some sound. If you want to EQ a sound before it gets to the sampler, 
but you’re having trouble zeroing in on the right spot, here’s a good 
technique. First, sample the sound with no EQ. Then, display the sound 
as a cascade of FFTs. The display will help you locate the frequencies 
of “hot spots” (areas that will benefit from EQ cut) or “dead spots” (areas 
that will benefit from EQ boost). Use your observations as a guide to 
setting the EQ, and then try sampling the EQ’ed version for keeps. 

If you feel you need to EQ a previously recorded sample, follow the 
same basic procedure. Look at a cascade of FFTs of the sample in 
question to find the EQ frequency. Run the output of the sampler into 
your EQ. Adjust the EQ to the frequency you found on the FFTs. 


By the way, there’s no reason why you can’t apply these analysis tech- 
niques to non-sampling applications. With FFT capabilities, you can use 
your sampler and visual editor as analysis tools for any sound, whether 
or not it will ultimately be used as a sample. For instance, suppose that a 
dialogue track was flawed by some extraneous background noise 
recorded along with the actors’ voices. It’s going to cost a lot of cash to 
rerecord the scene. Is there any way to remove the noise from the 
existing track? With your sampler and editor, you have all the tools a 
“sound detective” needs to look for clues to solve the problem. You 
could analyze several sections of the track by sampling them and plot- 
ting cascaded FFTs. Now you will be able to see if the noise compo- 
nents and the voices occupy different frequency bands. If they do, you 
may be able to save the track (and the day!) by removing the noise with 
a notch filter set to cut the noise frequency indicated on the FFTs. If this 
example seems a little far fetched, you should know that it’s true. (In 
that case, the sound of an electric fan was accidently picked up along 
with the dialogue.) 
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Figure 51 : Digital Filter Functions 



Figure 52: Karplus Strong Digital Synthesis Algorithm 


Digital Synthesis 

The editing system may also provide alternative ways of making 
sounds in addition to looking at them. Sound Designer, for 
instance, provides a set of Digital Signal Processing tools that 
allow you to mix different samples together, alter a sample’s 
overall amplitude, and change the tone color of a sample with a 
number of different types of digital filters (Figure 51). 

Sound Designer also has the ability to synthesize new samples 
from “scratch.” The feature uses a process that synthesizes a 
sample of a “plucked string.” The length of the string, where it is 
plucked, how many harmonics are heard, and what it is 
“plucked” with (you can use one of your own samples for this) 
are all variables. Within the overall limitations of the algorithm 
(Karplus Strong), this can produce some very interesting musi- 
cal sounds. If you are looking for unusual (or impossible) 
sounds, you might find this feature fascinating. (How else could 
you get a sample of a King Kong thumb popping the cables of 
the George Washington Bridge?) (Figure 52) 

More Goodies 

Aside from all of the specific sampling functions, most editors 
will provide functions that will make programming the perfor- 
mance features of your sampler quicker and easier as well. 
These features alone can be worth the price of the software 
(Figures 53-56). 





Figures 53 and 54: Akai Front Panel Programming Screens 
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Figures 55 and 56: E-Mu E Max Front Panel Programming Screens 










6. Editing Performance Parameters 
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Figure 57: The final step in the sampling process is to create an expressive sampling instrument 
with the performance editing functions. Here again, most samplers provide you with a number 
of exciting options. With each option, there are (of course!) several related parameters to adjust 
and special points to consider. 


In Sampling The Source, we showed you how to use a sampler to digi- 
tize sounds to make the best basic samples. In Editing Voice 
Parameters, we demonstrated the functions and techniques used to turn 
those samples into expressive musical sampling voices. Now it’s time to 
explore ways of combining sampling voices to make a complete sam- 
pling instrument by editing performance parameters (Figure 57). 

The emphasis here is on performance. Where on the keyboard do you 
want to locate the voice? Do you want to combine the voice with others, 
to make a composite sound? Do you want the entire range of the key- 
board to be made up of one voice, or do you want to split it into several 
different voices? Do you want to hear different voices, depending on 
how you play the keys? If you are controlling your sampler with a MIDI 
controller, you may want to assign different voices (or combinations of 
voices) to different MIDI channels. 

As you can see, most of these questions have to do with where (or 
under what circumstances) sampling voices will “appear” on your key- 
board. For this reason, they are generally referred to as mapping func- 
tions. In this context, mapping simply means to assign sampling voices 
to respond to particular sections of the keyboard and/or particular perfor- 
mance dynamics. 

It is important to note that these functions are used with sampling voices 
that have already been created. At this point, you no longer have to 
work with the sampling functions or voice editing functions. Even if you 
plan on never actually sampling any sounds yourself, and intend to use 
only factory-supplied or commercial sound libraries, you must become 
familiar with mapping functions. At the performance level of things, they 
are the most useful (not to mention fun!) functions to master. Even if 
you only have a modest library of sampling voices, you can use mapping 
functions to rearrange them into many powerful performance setups. 

Mapping functions fall into three basic categories. Key Mapping func- 
tions are used to assign sampling voices to individual keys, or ranges of 
keys. Velocity Mapping functions assign sampling voices based on the 
dynamics used when playing the keyboard. MIDI Mapping assigns sam- 
pling voices to MIDI channels. Not every sampler has all three types of 
mapping functions, but most have some combination of the above. 
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6.1 Key Mapping 
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Figure 58: In this illustration, the keyboard 
is split into four one-octave sections. Each 
section plays a different sample. 



The keyboard of Ensoniq’s Mirage can be split into 16 different regions. 


The typical sampling instalment has a 61 -note keyboard. Rack sam- 
plers (ones without keyboards) will respond to MIDI Note On/Off mes- 
sages from a remote keyboard (or other controller). Playing a single 
voice across an entire keyboard is not particularly musical. As we have 
seen, different pitches are produced by speeding up or slowing down the 
rate at which the sampled voice is “played back” by the sampler. The 
original sound undergoes radical changes as its pitch is shifted beyond a 
small amount. The end result is that the useful keyboard range for most 
single samples is only a few semitones. That leaves you with an awful 
lot of “empty” keys and very few pitches with which to play melodies. 
Key mapping functions let you assign several sampling voices across 
the keyboard, so you can take full advantage of all its available notes. 

There are three basic types of key mapping. Splitting allows you to 
assign different sampling voices to different keys to create an instrument 
that will produce several different sounds, depending on where you play. 
Layering is used to assign more than one sampling voice to the same 
key (or keys), letting you play two or more voices with each key you 
depress. Multi-Sampling is actually a specialized use of splitting, layer- 
ing, and velocity mapping (more on velocity mapping in a bit). Rather 
than dividing the keyboard between different voices made from samples 
of different instruments, the keyboard is divided between voices sampled 
from different pitches of the same instrument. Likewise, rather than lay- 
ering different sampled voices, different samples of the same instrument 
at the same pitch but with different dynamics are layered. The result is a 
realistic simulation of the sampled instrument spread over the entire key- 
board and dynamic range. 

6.2 Key Splitting 

Most samplers allow you to split the keyboard between 6 and 64 voices. 
When you assign a key to a split, there are three parameters you will 
have to set. The original key determines the note that will sound the 
original sampled pitch. The upper key is the highest key the sample will 
be played from. The lowest key is the lowest note that will play the sam- 
ple (Figure 58). Your sampler may have limits as to how far the upper 
and lower keys can be from the original key. Be sure to check in your 
owner’s manual for details. Many samplers also provide a fourth param- 
eter level, which is used to set the loudness of the voice for that split. 
This makes it easy to avoid distracting jumps in loudness as you go from 
voice to voice when playing across the keyboard. 
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Experiment # 26 : Key Split 

Focus: Sample 

Edit Performance 


Key Settings: 


• Voice Definition functions: refer to Step by Step below 

• Original Key: refer to Step by Step below 

Step by Step: 

• Sample and save the phrase SPLIT ONE. 

• Sample and save the phrase SPLIT TWO. 

• Sample and save the phase SPLIT THREE. 

• Using the procedure detailed in your owner’s manual, assign SPLIT ONE to have an original key 
of middle C#. Its highest key assignment should be middle D, and its lowest key will be middle C. 

• Assign SPLIT TWO to have an original key of middle E. Its highest key assignment should be 
middle F, and its lowest key will be middle D#. 

• Assign SPLIT THREE to have an original key of middle G. Its highest key assignment should be 
middle G#, and its lowest key will be middle F#. 

• If your sampler provides a level adjustment of each sample in the split, modify each voice’s vol- 
ume until all three samples are the same loudness. 

• Play and compare the three samples. 

Observations: 

• Play a chromatic scale up the middle octave starting at middle C. You should notice that the 
sampled phrase changes every three chromatic steps. (You will hear each phrase at its original 
pitch and at pitch shifted up and down one semitone.) 

• Playing outside the range of the assigned keys should not produce any sound. (Remember only 
voices assigned to specific areas with designated key ranges will sound in a performance setup.) 

• Try the same basic experiment. This time, substitute different sounds for the sampled phrases. 
(For example, try assigning several drum sounds across an octave.) 






6.3 Key Layering 
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Figure 59: Layering allows two or more 
sounds to be played by the same keys. 


If your sampler doesn’t have Key Layering functions, you can skip ahead 
to the next function, Key Splits For Multi-Samples. 


Key layering allows you to create splits that overlap each other. You 
may even be able to overlap more than two sounds at once (stacking 
three or more sounds on the same range of keys, or producing split and 
layers -Figure 59). Check your manual for details. Along with the original 
upper and lower key parameters, there will also usually be a level 
parameter. This lets you balance the loudness of the two sounds, to 
create the desired mix. 

6.4 Key Splits For Multi-Samples 


Multi-sampling is a two-stage process. We’ll look into the Key Mapping 
aspect of it here, but be aware that how the sounds are originally sam- 
pled and edited is crucial to the creation of a realistic multi-sample. If 
you plan on creating multi-samples from your own sampled sounds, be 
sure to read Section 2: Sampling Techniques ! 


As we mentioned above, multi-sampling is really just a specialized use 
of key-splitting functions. The purpose is to reproduce the sound of one 
instrument (or group of instruments) across a large pitch range. Many 
samplers come with at least one example of such a setup. (The most 
common are grand pianos and acoustic guitars.) A lot of thought and 
planning goes into creating a good multi-sample sound. Before the key 
mapping can be set, multiple samples of the source must be made and 
edited. Right now, we’d like to discuss how to set up your keyboard as a 
multi-sample instrument. 

Picking Pitch Shift Intervals 

Take, for example, the standard 61 -note, five-octave keyboard. Why 
not just make 61 separate splits for 61 separate sampled voices? Well, 
if you remember, we told you that many of the decisions you make with 
a sampler involve trade-offs. This is another example of one. Assuming 
that your sampler can make 61 splits (many can’t), does it have enough 
memory for 61 samples? If each sample is just a half a second, then 
you’ll need a little more than 30 seconds of sampling time for this one 
multi-sampled instrument! (The sampler will have to be able to hold 61 
samples in memory at the same time as well!) So even if the sampler 
can handle that many splits, you may still want to use less to create the 
multi-sample instrument. 

Since most sounds can be shifted a few semitones sharp or flat before 
they start to sound unnatural, you’ll find that you can use considerably 
less than 61 samples to create a five octave instrument. A key question 
(pun intended!) is: How far apart in pitch should the samples be? For all 
practical purposes, no musical source will sound natural if you shift it 
more than a total of one octave. Most sounds, in fact, will require con- 
siderably less pitch shifting to retain a natural quality. 

Let’s use an octave as the maximum limit for total pitch shift (plus or 
minus six semitones). If we split a keyboard by the different intervals 
within an octave, we can see how much pitch shift occurs for all the use- 
ful intervals. Figure 60 shows the total pitch shift and the maximum 
sharp vs. maximum flat pitch shift for each interval. Note that some 
intervals shift equally in both directions, while others have a one semi- 
tone difference between sharp and flat shift. (When the amount of shift 
is unequal, we put the “extra” semitone on the flat side of the original 
key. It could also have been shown on the sharp side. There really is 
no difference.) 
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Experiment #27: Key Layering 

Focus: Sample Edit Performance 

Key Settings: 

• Area Definition or Define Keyboard Map functions: refer to Step by Step below 

• Original Key, Highest Key, Lowest Key: refer to Step by Step below 

Step by Step: 

• Sample and save the phrase LAYER ONE. 

• Sample and save the phrase LAYER TWO. 

• Using the procedure detailed in your owner’s manual, assign LAYER ONE to have an original 
key of middle F. Its highest key assignment should be middle B, and its lowest key will be middle 
C. 

• Assign LAYER TWO to have an original key of middle F. Its highest key assignment should be 
middle B, and its lowest key will be middle C. (This is the same range as LAYER ONE.) 

• Adjust the levels so that LAYER ONE is slightly louder than LAYER TWO. 

• Play within the assigned key range. 

Observations: 

• Playing up the middle octave, you will hear both samples at the same time. The only difference 
that should be noted is the level difference that was assigned during the experiment. 

• Another point to mention is that, since the original key and key range were set to middle F in 
both cases, you will notice that the transposition of both samples remains equal. 








When setting up a multi-sample instrument, intervals that create unequal 
shifts use your sampled voices more effectively than those that create 
equal shifts. (A more natural sound is obtained, since less pitch shifting 
accumulates over a given number of samples for the same approximate 
pitch range.) For this reason, the most “efficient” intervals to use for 
multi-sampling key splits are: octave, flat seventh, minor sixth, flat fifth, 
major third. It can be somewhat awkward, however, to set up a split key- 
board in dominant sevenths (etc.). The preferred method is to split the 
keyboard into intervals that divide an octave evenly. These intervals are 
easier to work with for most of us, since we are familiar with them from 
learning basic scale and chord patterns. Octaves are evenly divided by 
octave (of course!), flat five, major third, minor third, whole-step, and half 
step intervals. 

Perhaps the most sensible way to assign splits to a multi-sample instru- 
ment is to divide the keyboard into intervals based on minor thirds-the 
diminished chord. This simple chord contains two of the “best” intervals 
defined above, and also cleanly divides the keyboard into one, two, or 
four splits per octave. This reduces the number of splits needed to cover 
five octaves from 61 down to a number between five and 20. The maxi- 
mum number of semitones a sample will be shifted by is six (one split 
per octave), three (two splits per octave), or one (four splits per octave). 

Figure 61 illustrates various ways of splitting a five-octave keyboard 
using one, two, or four splits to an octave. You’ll find that these divisions 
work very well with samples of almost any instrument. (We show the 
original keys based on a “C” tuning. This will change, depending on the 
range and tuning of the instrument you sample.) Since they are all built 
on the interval of a minor third, you’ll find it quite easy to pick the notes to 
sample during your sampling sessions as well. All you have to do is 
sample the same four notes in each octave. Since there are only three 
unique spellings of a diminished chord, you’ll find them convenient to use 
(regardless of the playing range of the instrument being sampled). Once 
you’ve sampled the instrument in minor thirds, you can pick and choose 
between one, two, or four splits per octave, as needed, without worrying 
about having samples of the “right” notes. Obviously, if you can afford 
the memory, the most desirable division is four to the octave. Each sam- 
ple is only shifted by a single semitone sharp or flat. 
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Figure 61 : Interval Splits Based on a Diminished Scale 
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Figure 62 : Mixed Interval Splits 

You may find that you won’t always need the same number of splits per 
octave. Depending on the instrument and where you are in its range, 
you may need three, two, or just one split for the right effect. If you’ve 
sampled the same notes in each octave, you can “mix” the above split 
sizes quite easily, without a lot of recalculation or re-sampling. Figure 
62 illustrates several variations. 


Another approach is to space your splits at equal intervals: major thirds, 
perfect fourths, minor sixths, etc. This can work equally well, and since 
the splits occur at different places in each octave, it may help “disguise” 
the multi-sampling setup. It is not as simple to mix the split sizes, since 
octaves are not divided equally. You will also have to be careful to make 
sure you get the right notes when you sample the sound (Section 2). 
Also be aware, as we mentioned above, that some intervals yield less 
pitch shifting than others. A good alternative is to set your splits in inter- 
vals based on the major thirds, i.e., the augmented triad. This tuning 
cleanly divides an octave into three equal divisions. The maximum pitch 
shift for each split is only two semitones, and there are only four unique 
spellings of the augmented triad. The same three notes are repeated in 
each octave. Like the diminished tuning, it is easy and convenient to 
use. Figure 63 shows intervals that will yield splits with five, four, and 
two semitones of maximum pitch shift. 







Figure 63: Equal Interval Splits 




Figure 64: Most samplers let you adjust the loudness of each split so you can balance the sound 
of the entire keyboard. When adjusting split levels, the louder splits will have to be made softer 
to match the quietest split. In this example, Split F is much softer than the others, so they all 
have to be reduced in volume. 

Setting The Split Levels 

Level matching is another key aspect to setting up a multi-sample instru- 
ment. Once the samples have been mapped to the appropriate key 
splits, you should balance their levels across the entire range. The best 
way to do this is to temporarily defeat any velocity effects, and play a 
slow chromatic scale up and down the keyboard. All of the notes should 
have the same volume. If not, determine which split is the softest. If the 
split level parameter is not already at the maximum amount, increase it. 
If you can’t make the split any louder, then adjust the level controls for 
the other splits so that the loudness matches the softest split (Figure 64 ). 












6.5 Velocity Mapping 


If your sampler doesn’t have Velocity Mapping functions, you can skip 
ahead to Controller Mapping. 


Most samplers that are velocity sensitive provide velocity mapping func- 
tions. Even if your sampler has no keyboard, it may still have this capa- 
bility when controlled by a velocity-sensitive MIDI controller. (Check 
your manual for details.) There are two types of velocity mapping. 
Velocity Switching allows you to select different sampling voices with 
your keyboard performance. Velocity Cross-Fade allows you to control 
the mixture of different sampling voices with your keyboard performance. 

6.6 Velocity Switching 

Velocity switching works in conjunction with a layered keyboard. Two 
sounds are mapped to the same keyboard area, but the one you hear 
when you play a key will be determined by how quickly you depress the 
note. In other words, you can layer any two sounds-let’s say a trumpet 
and a dog bark-and you’ll hear one when you play loud, and the another 
when you play softly. 



Normal Velocity Switch 
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Check in your manual for how to set this up. One typical way is to first 
set up the layer and then adjust a switch point parameter to set the 
dynamic level where the switch will occur. Notes with velocity less than 
the switch point play Voice A, and notes greater than the switch point 
play Voice B (Figure 65 ). 

If the sampler can switch between more than two sampled voices, then a 
velocity range for each voice will be set. If the ranges don’t overlap, 
only one sound at a time will be heard. If they do overlap, then a mix of 
the voices with overlapping velocity ranges will be heard (Figure 66). 

There are two basic approaches to use when setting up a velocity 
switch. You can switch between completely different sounds (soft is a 
harp; loud is a piano), or you can switch between two sounds of the 
same instrument (soft is undistorted electric guitar; loud is distorted elec- 
tric guitar). The second technique is a powerful extension of the multi- 
sampling concept. We’ll talk about how to sample sounds specifically for 
this technique in The Source Session. 

6.7 Velocity Cross-Fade 

In a velocity cross-fade, the velocity determines the balance between 
two sampled voices. The typical way this is accomplished on most sam- 
plers is to use a reverse sensitivity function. This makes that voice 
respond backwards to your keyboard dynamics. The harder you play, 
the softer the sound. If this sound is then layered with a normal velocity- 
sensitive voice, both voices will be combined when you play a single 
key. The balance between them will be determined by how quickly you 
strike the key. 

There are some interesting variations on the standard velocity cross- 
fade. Layer a velocity-sensitive voice with one that isn’t to bring one 
voice in and out of the mix with your dynamics. Be sure to try it with nor- 
mal and reversed velocity sensitivity. You may even be able to combine 
velocity switching with velocity cross-fading. For example, set one 
voice’s velocity range so it switches on only for higher velocities, and the 
other for normal velocity sensitivity. Now, you won’t hear any cross-fade 
effect until you play louder than the switch point (Figure 67). 
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Figure 65: Velocity Switch 


Velocity Range Switch 


- 

m 

Voice C 

II 

— 








jf ! I ? i ; ' 


mm M 





(Voice A | 

H 

|Voice B l 

F 


I I I I I I I I Mil 


SLOW FAST 

VELOCITY 


Figure 66: Velocity Range Switch 
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Normal Cross Fade 


X- Fade Variation 1 


X- Fade Variation 2 
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Figure 67: Here are three possible versions of a velocity cross-fade. In a normal cross fade , key- 
board velocity makes Voice A get softer as Voice B gets louder. The first variation shows Voice 
A changing loudness with velocity, while Voice B does not. The second variation shows a combi- 
nation cross-fade and switch. When you play very softly, only Voice A is heard. As you play 
louder, Voice B will join Voice A at the switch point. From there on, as you play louder, both A 
and B will increase in loudness. 


Experiment #28: Velocity Switching 

Focus: Sample Edit Performance Key Settings: 

• Area Definition or Define Keyboard Mapping functions: refer to Step by Step below 

• Original Key, Highest Key, Lowest Key: refer to ] below 

Step by Step: 

• Sample and save the phrase QUICK SWITCH. 

• Sample and save the phrase SLOW SWITCH. 

• Using the procedure detailed in your owner’s manual, assign QUICK SWITCH to have an original 

key of middle F. Its highest key assignment should be middle B, and its lowest key will be middle 

C. 

• Assign SLOW SWITCH to have an original key of middle F. Its highest key assignment should be 
middle B, and its lowest key will be middle C. (This is the same range as QUICK SWITCH.) 

• NOTE: If your sampler has a variable “velocity range” for velocity switching: 

Set the velocity of QUICK SWITCH to begin at the middle of your velocity range and to end at 
the maximum velocity range. 

Set the velocity of SLOW SWITCH to sound at the beginning of your velocity range and to end at 
the midpoint of the velocity range. 

• NOTE: If your sample has a “switch point” for velocity switching: 

Set the switch point for one half its full range. 

Set QUICK SWITCH to be the “Loud” sample. 

Set SLOW SWITCH to be the “Soft” sample. 

• The keys should be assigned to the samples with different velocities (quick and slow key depres- 
sions). 


Observations: 

• One of the first points you will notice in playing this setup is that, when you strike a key quickly, 
you will hear only QUICK SWITCH, and when you attack the key slowly, you will only hear SLOW 
SWITCH. 

• Experiment with this setup until you can control which of the two samples will be heard by your 
playing style. 









Experiment #29: Velocity X Fade 


Focus: Sample 


Key Settings: 


Performance 


Area Definition or Define Keyboard Map functions: refer to Step by Step below 
Original Key, Highest Key, Lowest Key: refer to Step by Step below 


Step by Step: 


Sample and save the phrase NORMAL VELOCITY 
Sample and save the phrase REVERSED VELOCITY. 

Using the procedure detailed in your owner’s manual, assign NORMAL VELOCITY and 
REVERSED VELOCITY to have an original key of middle F. Its highest key assignment should 
be middle B, and its lowest key will be middle C. 

Assign NORMAL VELOCITY to the voice that will become louder as you strike a key harder. 
Set REVERSED VELOCITY to the voice that will get softer as you strike a key harder. Consult 
your owner’s manual on how to do this. Your sample may have a “reverse velocity” function. 
(Some instruments refer to the normal velocity as the ‘first voice,” others refer to a “loud sample” 
and a “soft sample.”) 

Play the keys in the assigned range with different dynamics (quick/slow key depressions). 
Listen to the way the balance between the two samples changes with your playing style. 


Observations: 


Note the difference between this velocity cross-fade and the velocity switch (Experiment# 28). 
Only one sample is heard at a time in the switch, while both samples (at different relative levels) 
are heard in the cross-fade. Although both are very similar in function and setting, they are 
extremely different in application. 



The Roland S-550 MIDI mapping features include the ability to assign voices to eight indepen- 
dent MIDI channels 







6.8 MIDI Mapping 


If you are controlling your sampler from a remote MIDI source, there are 
a variety of options that may be available to you. Many samplers allow 
different voices to be played independently by separate channels. 
Control devices, such as sliders, pedals, breath controllers, etc., can be 
mapped to control on-board sampler functions like the filter, pitch, bend, 
and more. 


We’ve written a series of books about MIDI, covering both its musical 
applications and all of the technical details. If you need to catch up on 
MIDI and how to put it to work, check out The MIDI Book and our three- 
book MIDI Reference Series. 


6.9 MIDI Channels 


The word voice has come to have two distinct meanings in music tech- 
nology. It is commonly used to refer to a sound or synthesizer “patch.” It 
is also used to refer to a unit of polyphony. If an instrument has eight- 
note polyphony (it can play eight notes at once), it is said to have eight 
voices. We have tried to make the distinction between the two usages 
clear by referring to a sampled sound as sampling voice and a unit of 
polyphony as simply a voice. 


Many samplers, when used as slaves in a MIDI system, can respond to 
more than one MIDI channel at a time. Be sure to check your manual’s 
MIDI section for the details. This can be a very powerful feature, espe- 
cially if you’re using the sampler with MIDI sequencer. You may, for 
example, be able to assign each voice to a different MIDI channel. With 
such a channel mapping scheme and an eight-voice sampler, you could 
hear eight different monophonic (one note at a time) parts played by 
eight different sounds, all at the same time. This is done by assigning 
each voice to a different sound and a different MIDI channel. 

If you needed to be able to play chords with such a channel mapping 
system, you would have to assign several voices (as many as the num- 
ber of notes in the chord) to the same sound and the same channel. 
Obviously, this will reduce the number of independent sounds you will 
hear at once ( Figure 68). 



Figure 68: This shows a typical MIDI channel assignment for a multi-timbral sequence. Note that 
voices 5-8 are all assigned to the same sound and channel. This allows four note chords to be 
played with the sax sample. 













Figure 69: Some samplers assign voices dynamically to MIDI channels. If the sampler pictured 
above is an eight-voice instrument, for example, MIDI notes on channel one will be assigned to 
splits A-D, and notes on channel 2 will be assigned to E-G. When only one channel is active, up 
to eight note chords can be played. When both channels are active at the same time, the sam- 
pler will "share" voices between the split. No more than eight voices total will be heard at once. 


Some instruments provide a more sophisticated way of channel mapping 
(such as Ensoniq’s Multi-Mode and Emu's Super Mode). These map- 
ping schemes assign voices to channels as they are needed. With such 
a scheme, the polyphony of the instrument is dynamically “shared” by 
each channel. If only one channel is active, then that channel can play 
chords with the full polyphony of the instrument. If multiple channels are 
active, then total polyphony is divided by the active channels (Figure 69 ). 

6.10 MIDI Controllers 

MIDI controllers, such as the pitch wheel, mod wheel, breath control, 
sustain switch, etc., are sent over the same MIDI channel as the notes 
they are controlling. (Among other things, this lets you bend the pitch of 
a note on channel one without bending notes on any other channel.) If 
you are controlling your sampler with a multi-channel source (like a MIDI 
sequencer), make sure you understand how your instrument will 
respond to MIDI controller messages. 

For example, it may not be possible to selectively turn certain effects on 
and off. You may find the pitch bender (or mod wheel, etc.) will affect all 
of the sounds, regardless of what channel(s) they are mapped to. (This 
is a function of the sampler’s design, not MIDI.) If this is the case, you 
may want to filter out control messages (or edit the sampling voices, so 
they don’t respond to them). 

If you cannot defeat the effect of controller messages for separate voic- 
es, you will be limited to either only having one sequence track with pitch 
bend (etc.), or having to limit yourself to playing back only one sequence 
track at a time and using a multi-track tape recorder to build up the fin- 
ished piece. If you can independently route and assign controllers, you 
will be able to play very sophisticated multi-track sequences with your 
sampler in real time. 
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Part 2: 

Getting The Most From Your Sampler 

One of the unique aspects of samplers is that their “sound” is not a fixed 
part of the instrument itself. In order to get the most from it, you need a 
broad base of samples with which to build sampling voices and sampling 
instruments from. By no means are you limited to whatever sounds the 
sampler came from the factory with. You can create or collect a library 
of different sound sources, and your sampler can quite literally sound like 
anything you want it to. 

There are at least three options open to you. You can sample your own 
sounds from “scratch,” you can purchase sounds prerecorded in a high- 
quality audio format, or you can purchase pre-sampled sounds, i.e., disks 
formatted for your particular sampler. 

Sampling from scratch will, of course, give you the most flexibility in 
terms of what your final library contains. However, you must have 
access to (and understanding of) a certain amount of recording gear. 
You must also be able to get hold of the instruments and musicians for 
the sampling sessions if you’re sampling musical sources. Equally 
important is the fact that you’ll need to decide which pitches and articula- 
tions to record, so you can recreate the instrument with your sampler. If 
you’re collecting sound effects and “found” sounds, you’ll need the ability 
to go “into the field” to collect source material. 

Prerecorded sound libraries free you from the task of recording source 
materials. The main limitation here is that you must settle for the choice 
of sources (and for each source, the choice of pitches, etc.) included in 
the library. 

Whether you record the source material or purchase it already recorded, 
you will still have to “sample” it and then adjust the voice-editing func- 
tions to create useful samples. The third option, pre-sampled sounds, 
may even remove this necessity for you. Pre-sampled sound disks usu- 
ally contain samples that have already been edited to produce the best 
loops, envelopes, etc. You can just load the disk and start playing. Of 
course, you can also re-edit these samples. 

There is no reason why these three options should be mutually exclusive 
from each other. In fact, most sampler users create their libraries using 
all three alternatives. 


7 . Creating Your Own Samples From Scratch 



Figure 70: Here are the main things you should be up to speed on if you really want to get into 
making your own samples. You'll find that it makes sense to divide the sampling process into 
two separate sessions, the source session and the sampling session. To make the most of the 
sessions, you'll need to know how to use the sampling tools available to you, as well as how to 
set everything up. In this section of the book, we'll lay out all the essentials (and a whole lot 
more!) you'll need, so you can start putting together your own custom sample library. 
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You might wonder why we’re providing such specific and detailed infor- 
mation about making your own samples from scratch. Most people find 
the idea of making their own samples very attractive. It’s hard not to be 
seduced by the thought that you can turn anything you can hear into a 
sampling instrument. Think of it-your own orchestra of real and surreal 
instruments, digitized and waiting to express your musical thoughts! 
There’s certainly nothing wrong with that. (In fact, we feel there’s every- 
thing right with that.) However, when confronted with the reality of exe- 
cuting that idea, the jungle of interrelated technical details frequently 
deadens that initial desire. It seemed to us that all of the vital informa- 
tion should be put together in one place, oriented around the sampling 
process. This way, people could start off sampling from scratch without 
years of professional background in studios, etc., and still get profes- 
sional results. (We still strongly encourage you to learn all that you can. 
No single book can cover everything.) 


True, this is technical stuff, and many of us are not (and don’t want to 
become) technically oriented. But we’ve found that (as with synthesis 
and MIDI) it’s not the technology that’s the barrier, but rather, the lack of 
simple common sense guidelines and procedures. Music technology is 
evolving quickly these days. Radically new instruments become avail- 
able before methods for using them musically can be figured out. As a 
result, we’re left to sink or swim pretty much on our own. The authors 
first got their feet wet with samplers when the first commercial systems 
appeared in the late 70s. We’ve been working with them (and the 
designers, recording engineers, and musicians who work with them) 
ever since. We’ve done a lot of swimming (and sinking)! By reading 
this, you’ve shown that you’re ready to take the plunge, too. This is our 
way of throwing you a life preserver for when the waters start to get a lit- 
tle rough. 

Once you’re comfortable with sampling basics, you may want to try 
building up a library of sounds that you’ve recorded yourself. This can 
be very rewarding from both creative and practical points of view. (Do a 
good job, and you can sell your sounds or library to other sampling 
users!) Unless you can afford to hire a professional studio and an engi- 
neer to do the actual recording for you, you will need at least a basic 
understanding of the tools and fundamentals of recording. 

Although the tools and techniques used are the same, you’ll find that 
sampling your own sounds is a different process than recording more 
traditional music. Sampling requirements may put some unusual 
demands on the players, engineer, and producer (even if they ’re all the 
same person). In order to get the most from a sampling session 
(whether it’s in a million-dollar facility or your personal-use studio), we 
have found certain procedures are as indispensable as the recording 
hardware (Figure 70). In fact, we’ve found that it’s a good idea to split 
the sampling process into two different types of sessions, a source ses- 
sion and a sampling session. At the source session, you record the 
source sounds on tape. At the sampling session, you sample the 
recordings and edit sampling voice functions to create customized sam- 
pling voices and instruments. 

Once you get serious about creating your own samples from scratch, 
you’ll need to draw on a lot of varied skills and knowledge. This is 
because the sampling process encompasses many of the techniques 
used by arrangers, performers, recording engineers, and synthesists. 
For instance: 

• First of all, you need to know the basic recording tools, what 
they do, and how to hook them up. 

• Then you need to decide which instrument(s) you want to sam- 
ple for your performance or composition needs. 
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• For each instrument, you must decide how many pitches you’ll 
need and how they should be played. 

• Once that’s been decided, you have to decide how to record the 
instrument, and whether or not you’ll need (or want) to add any 
effects or processing to it. 

• After you’ve gotten the sounds on tape, you may decide to add 
additional processing before they are sampled. 

• Once the source recording has been sampled, voice and data 
functions must be edited to produce finished sampling voices 
and sampling instruments. 

As you can see, you need to wear many hats. If you’re not experienced 
in all of these areas, don’t despair! You already know how your sampler 
works, and that’s the hardest part! 


We felt it would be best at this point to jump right in and take a look at 
what goes on in source and sampling sessions. If you’re not comfort- 
able with recording terminology and concepts, you may want to skip 
ahead and read About Recording Equipment first. 


7.1 Planning The Source Session 



(Planning The Session 
Which Notes? 

How Long? 

Which Dynamics? 

Which Articulations? 
Vibrato? 

Multi Sampling 
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Dual Track Recording 
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Figure 71 : In the source session, you'll be recording sounds onto tape, not your sampler. The 
key idea here is to get the biggest possible collection of useful sounds first. Then later on, at 
your convenience (the sampling session), you can turn them into samples. At this stage, how- 
eve, you want to concentrate on such things as musicality and how to best exploit the equipment 
you have at hand. 


The purpose of the source session is to create well-organized recordings 
of sound sources that will provide the basic material for your sampling 
library. You may collect single sounds or multiple sounds from each 
source. The sources may be traditional musical instruments, “found” 
sounds, or sound effects (most likely many of each). Each sound (or 
group of sounds) must be recorded so that they will “translate” well to 
your sampler. This means that you must be careful to record levels, 
articulations, and ambience with sufficient consistency to recreate the 
original instrument. If you plan on reconstructing an instrument with 
multi-sampling techniques, you must plan ahead carefully. Not only 
should you capture enough individual pitches for accurate reproduction, 
but you should also capture the different types of articulations that 
define the instrument’s character (Figure 71). 
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If you work carefully and plan thoroughly, your source material will out- 
last your sampling hardware. There will be no need to start from scratch 
whenever you upgrade or replace sampling instruments. You will also 
find that you can use the same source recording to create many different 
sampled variations. 

Things To Look Out For 
In The Source Session... 

Until you settle into a comfortable routine for running a source session, 
you will undoubtedly run into a few (maybe even several) snags. Here 
are some of the things to keep in mind when preparing for and running 
the session: 

Keep Focused On Music 

Never lose track of the ultimate goal of all of this-to make good music. 
Be sure that the musical reasons why you are recording a particular 
sound are your first priority. Don’t lose sight of musical objectives while 
chasing down the perfect source. 

During a source session, different demands will be placed on your musi- 
cians than they may be used to. If you are not careful, a “clinical" atmo- 
sphere can take over the source session. (It can be pretty hard to be 
musical at a “clipboards and lab coats” recording session.) Your players 
will have a hard time giving you what you need, if you don’t relate your 
requirements to them in musical terms. Not only is this frustrating for all 
concerned, but it will produce samples that are inconsistent and only 
marginally useful. 

Know When You’ll Need Compression/Limiting 

Many sources produce dynamics that are greater than those of either 
the deck or the target sampler. If you’ve calibrated everything carefully, 
the mixer’s meters will indicate when compression/limiting is needed. 
You’ll have to decide when the compression/limiting will produce the 
best results, in the source session or the sampling session. 

Listen For Potential Pitch-Shifting Problems 

If you plan on playing more than one pitch from a sampled source, be 
aware that much more than just the perceived pitch of the note will shift 
when you play different keys. Every time-related aspect of the sound 
will change as well. This includes many aspects of a sound you may 
never have noticed before. Things you take for granted will suddenly 
jump out when a sound is pitch shifted on the keyboard. Here is a list of 
some of the things that will change along with the pitch. Remember, if 
you can hear any of these in the original recording, then you will hear 
them change along with the pitch when they are used as samples. 

• Background noises: air vents, fans, tape hiss, equipment noise 
(buzzes and hums), chair squeaks 

• Instrument mechanics: key thumps, pedal squeaks, pick noise, 
fret noise, breath noise, hardware rattles 

• “Ringing”: open strings, loose snares, drums (the one you’re not 
recording!) 

• Resonance: the “body sound” of acoustic guitars, violins, cellos, 
etc.-vocal resonances 

• Ambience: room sound, natural reverberation 

• Time-based effects: chorus, phase shifting flanging, delay, 
reverb, echo 

• Phrasing: attack, release, vibrato, tremolo, bends, slurs 
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Keep Track Of Your Tracks 

You’ll soon discover that a well-planned source session will generate a 
lot of material for your sampling library. That’s the good news. The bad 
news is that you’ll have to develop a good system for keeping records. 
The best source recordings in the world won’t do you any good if you 
can’t locate exactly what you want precisely when you need it. 

Avoid Legal Problems 

You should get permission from your players if you plan on using sam- 
ples of their performances in commercial works. This aspect of sam- 
pling is ignored by almost everyone. Yet, there are some definite legal 
(and possibly moral) issues involved. 


Although the lawyers may argue about this for years to come, we feel it’s 
better to avoid a misunderstanding today than to pay back-royalties 
tomorrow. Besides, would you want someone to use samples of you 
without your permission? While we have your attention, we’d also like 
to point out that we feel the same about sampling records, film scores, 
and CDs without getting permission from, or giving credit to, the original 
artists. Perhaps, if the purloined sample is so short and so thoroughly 
processed that there is no way to recognize the original, this is a moot 
point. (For the record, if the sample is used on a project done for “com- 
mercial gain,” a copyright has been violated regardless of the length of 
the sample.) However, we have all heard the same “orchestra hit” sam- 
ple turn up in countless commercial projects (film and TV scores, pop 
tunes, and commercials). Like many of the popular samples in use 
today, that orchestra chord was pulled from a commercial recording. 
The notes in that hit where written and played by people who never get 
credit (not to mention payment) for their superb execution of that one 
chord. Aside from being a shabby way to treat fellow artists, it is also a 
myopic and incestuous approach to production. Isn’t there another 
chord that would work as well? Aren’t there other people who could play 
it? Doesn’t anybody care? 


7.2 The Source Session 

We wouldn’t have pointed out potential problems without providing you 
with effective solutions for them. If you use the methods outlined below, 
we guarantee your sessions will run smoothly and productively. When 
the time comes to turn your source recordings into samples, you’ll find 
that they translate easily into expressive sampling voices and sampling 
instruments. 

How To Keep Things Musical 

When the time comes to make source recordings of musical instru- 
ments, musical considerations can go right out the window if you’re not 
careful. The concern about technical details and The sound” can totally 
mask the real musical reasons for the session. In some ways, this is not 
hard to understand. When working with samplers, you’re thinking of 
such things as “milliseconds,” “sampling rates,” and “signal to noise 
ratios.” It’s easy to turn the source session into a cold laboratory exer- 
cise, if you relate to the players on those terms. Don’t just tell the player, 
“Give me a C... Give me a C#... Give me a D...” If you do, you will get a 
series of disjointed sounds. Notes played in this kind of creative vacu- 
um will be difficult to assemble into a rich, cohesive-sounding sampling 
instrument. 
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It is not difficult at all to translate the technical requirements of sampling 
into musical terms for the source session. It just seems that very few 
people ever think to do it! Here are some musical methods of dealing 
with the most technically challenging aspects of recording source materi- 
als. 


Use the best players you can find for your source recordings. You don’t 
necessarily need a brilliant improvisationalist. Source recording requires 
a player with highly disciplined technique and thorough mastery of stylis- 
tic skills. Not only will it require the precise performance of single notes 
(or small phrases) with a variety of articulations, but each articulation 
must be carefully matched at several pitches. The player should be able 
to apply the same sensitivity to the articulation of single notes as he or 
she would to the performance of a solo melody. 


Which Notes Should Be Recorded? 

This is the most obvious question and, generally, the largest concern 
when you want to “capture” an instrument. You can waste a lot of time 
(and money) going about this in a trial and error manner. As we have 
stated before, it’s a good idea to record every pitch in the instrument’s 
range. This provides you with the ultimate flexibility when you start sam- 
pling the source recordings. However, just getting one of each pitch 
doesn’t mean you will have what you need. Most instruments can articu- 
late a given pitch in a number of very different (and very musical) ways. 
Not all of those articulations are useful throughout the entire range, but 
many are. Be prepared to spend a lot of time with each instrument, 
recording a variety of articulations for many pitches (if not each pitch). 

Before the source session, research the instrument(s) you’ll be record- 
ing. Become familiar with them from an arranger’s and orchestrator’s 
point of view. Learn how the instrument is used within large and small 
ensembles, as well as a solo context. Have definite ideas about how 
you plan on using it in your compositions. If you do your homework and 
follow the guidelines below, your session will go smoothly and you’ll 
acquire a versatile collection of source material for each instrument. 

How Long Should Each Note Be? 

The length of sounds from non-percussion instruments (woodwinds, 
bowed strings, brass, etc.) is variable. From a technical standpoint, a 
sample must be at least long enough to hold the attack, a stable sus- 
tained portion (for looping), and the natural release. (You may not even 
need the natural release if you use envelope release over a loop.) So 
the question is: How long must the note be held to give a stable sustain 
section? When you are editing the sample, you’ll be thinking in terms of 
absolute time, i.e., so many milliseconds,. etc. At the source session, 
this isn’t a good idea. Don’t ask your player for a “500 millisecond B- 
flat.” Translate absolute time values into rhythmic ones. 

Set up a metronome (or use your drum machine, etc.), and listen to a 
60 BPM click. Ask the player to give you some legato, mezzo forte 
quarter notes throughout the range. Does the instrument have enough 
time to “settle down” during the held part of the tone? If not, listen to half 
notes at the same tempo. Most instruments will have a stable sustain 
within a half note length at this tempo. 

By listening to the instrument playing consistent rhythms, you will also 
hear which pitches take longer to settle than others. This is common, 
particularly at the range limits of brass and woodwinds. You may have 
to record half-note versions of these pitches but still be able to record 
quarter-note versions of the “inside” pitches. You can “trim” the note 
length by increasing the tempo to find the quickest practical quarter note 
that works with the instrument (and player) in question. We always try to 




use a 60 BPM tempo, since it translates easily to absolute time. Rather 
than change the tempo, we change the note length. Each quarter is one 
second (1000 ms.), half notes are two seconds (2000 ms.), eighths are 
1/2 second (500 ms.), and so on. We’ve also found that recording 
everything relative to a common tempo is a great benefit for multi-sam- 
pling. (See below.) 

You might wonder why we bother to record a specific note length if the 
sample’s length will be determined by a sustain loop. Well, aside from 
giving you and your players a comfortable reference point for recording, 
it will also produce a consistent attack from note to note. That will help 
make your samples blend well when you multi-sample. 

What Dynamics Should Be Recorded? 

Have the performer play mf, ff, and pp versions of several notes 
throughout the range. Does the character of the sound change as well 
as its loudness? If it does, then you may want to record each set of 
notes at different dynamic levels. If only the loudness changes (or the 
character changes only slightly), you will have more musical control of 
your dynamics if you use your sampler’s keyboard velocity to control its 
amplifier and filter. (See 5.9 Velocity.) 

What Articulations Should Be Recorded? 

Once you’ve figured out the note length(s) and dynamics you’ll need to 
record, you should determine which articulations are needed. You 
should record each series of quarter or half notes separately with lega- 
to, staccato, and sforzando articulations. Each instrumental style is 
characterized by other special articulations. (There’s an enormous cata- 
log of string articulations, for example.) Ask yourself (and the player): 
What articulations are commonly used when writing for the instrument? 
Record each series with these special articulations as well 

Pitch articulations like spills, bends, and slurs are great to have. Be 
aware that pitch shifting will (of course) alter these when they are per- 
formed as samples. Record them chromatically if you wish to use these 
samples melodically. 

What About Recording With 
Vibrato And Tremolo? 

We’ve frequently pointed out that sampled vibrato and tremolo will make 
sounds difficult to loop, and sound unnatural when pitch shifted. Always 
record at least one version of your source notes with no vibrato or tremo- 
lo. You can add them later by using the sampler’s sound-editing func- 
tions. 

However, your motto during the source session should be “Record 
everything!” Why not record the instrument played with vibrato/tremolo 
as well? 

What’s The Best Way To Record Multi-Samples? 

The biggest problem with creating a successful multi-sample sound is 
getting the individual samples to blend together. The goal is to create a 
consistent sound from note to note (or instrument to instrument). Many 
times, sources sound different from each other because the notes were 
performed differently in the first place. This is true even with different 
notes played on the same instrument (by the same player, in the same 
room, on the same day). If you use the same musical reference points 
(tempo, note lengths, dynamics, articulations) for each source recording, 
you can almost completely eliminate this problem. Suppose you want to 
put together a multi-sample wind ensemble that really “kicks some butt.” 
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If you have fff legato quarter-note recordings (all at the same tempo) of 
your trumpets, trombones, altos, tenors, and bari’s, your final multi-sam- 
ple instrument will be excellent. This will be true even if you recorded 
those instruments on different days and/or at different locations! When 
you use a common musical reference, it’s like you’re recording a series 
of overdubs for one big composition. That is, in fact, exactly what you 
are doing, except the different “parts” will be splits on your sampler 
instead of tracks on a multi-track deck. 

You will also find that your players can give you more consistent sound- 
ing notes if they can play a series of them in a musical context. Rather 
than asking for one note at time, give them a “part” to play. Figure 72 is 
a sketch of a generic source session part. If the instrument requires a 
lot of changes in mic placement, shorten the series to include just the 
notes covered by each change of the mic. Slate and log each series. 
Using musical parts will help the player perform each note musically, as 
well as consistently, and speed up the recording process as well. 



Figure 72: This is a sketch of a possible sampling "pari" Although this may look a bit simplistic, 
you'll be pleasantly surprised by the musical results you can achieve when you ask musicians to 
play notes, not sounds. By the way, the use of half-note rests between notes wasn't an arbitrary 
choice. They will insure that there is a space of complete silence between each note in the 
series. 


When you need to match a particularly tricky articulation between sever- 
al instruments, here’s a trick that works very well. Record an example of 
the articulation along with a count off. Now sample this, count off and 
all. Let the player(s) listen to the sampler over headphones. Play the 
sample (be sure to play it at the original pitch), and let the player match 
the articulation at the pitch you want to record. (The count off will let the 
player know when to start.) Repeat this over the range of pitches you 
require. Use this same sample as a reference for all of the other instru- 
ments you want with the same articulation. The end result will be a per- 
fectly matched articulation throughout the entire multi-sampled ensem- 
ble. 
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Dual-Track Source Recording 



Figure 73: If the needle hits zero VU during 
a sound's peak, and then falls below -6dB 
for much of the sound's duration, the use 
of a compressor limiter might be a good 
idea. 



Even though most samplers are at this time monophonic (as opposed to 
stereo), we recommend using both tracks of the deck when recording 
your source material. Of course, if you need one track for time code 
(more on that in a bit), then you will not have this option. If the track is 
free, however, use it. 

• Stereo: You can do stereo sampling if your sampler has 
assignable (or dual) outputs and layering functions. (See 
Sampling Session Techniques below.) Even if the sampler you 
are currently using can’t support stereo sampling, who’s to say 
you won’t have one in the future that will? 


If you are recording sources in stereo and sampling them as mono 
sounds, be sure to check compatibility between the two before you 
record. Compare the sounds by listening to them first in stereo and then 
in mono. There should be no loss of tone color when you switch to 
mono. This can be caused by phase cancellation due to differences in 
the relative distance of each mic from the source. If you have a phase 
meter or X-Y oscilloscope, you can check for phase problems visually. 
One simple way to insure mono-compatible tracks is to record using X/Y 
mic placement. This technique keeps both mics equidistant from the 
source and will, therefore, eliminate most phase-related problems. 


• Wet/Dry: An easy way around the “Should I process this sound 
or not?” dilemma is to record the processed (wet) and unpro- 
cessed (dry) versions simultaneously. Route the dry signal to 
one track, and on the other track, record the compressed (or 
phase-shifted, or room-mic’ed, or reverberated, etc.) version. 
When you sample the source recording, you can try both ver- 
sions. You can even sample various mixes of the wet and dry 
tracks as well. This is one of the few times in life when “you 
can have your cake and eat it, too!” 

• Dual Sources: Nowhere is it written that only one thing can 
make a sound at a time. You can record dual sounds with each 
sound on its own track. This will give you the ability to balance 
them in a variety of ways when they are sampled. You might try 
recording dual snare drums, or playing a snare and tom togeth- 
er. How about two vocalists (or violinists, or sax players, etc.) in 
unison, octaves, or other harmonic intervals? 

Using Compression/Limiting 
During The Source Session 

If it becomes apparent during the source session that a sound will need 
compression or limiting (Figure 73), you must decide when you will do it. 
The options are compressing the signal now, before recording on the 
deck, or recording with no compression now and compressing the output 
of the deck during the sampling session. (You have another option if you 
use the Dual -Track Source Recording technique described above.) 

Compressing the output of the deck may seem like the best way to go. 
This will leave you with the original dynamics preserved on your source 
recording. You should remember, however, that compression lowers the 
s/n ratio of a signal. If the deck’s dynamic range is the same as or less 
than your sampler’s, compressing its output will produce a noisy sample. 
In that case, it is preferable to compress the signal at the input of the 
recorder. This will actually improve the s/n ratio of the signal when you 
go to sample it. Since you can’t alter the compression once it’s been 
recorded, you may want to try recording the sound(s) once with mild 
compression and then again with a more severe compression (or even 
limiting). 
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If you are using a deck with a s/n ratio that is better than the sampler’s 
(as may be the case if your deck is studio-quality analog or digital mas- 
tering deck), then record with no compression (use compression in the 
sampling session). The compressed output of the deck will still have a 
better s/n than the sampler, so the resulting samples will be as noise 
free as can be expected with the given equipment. 

If you use compression at this stage, be sure to keep a record of exactly 
how it was used. Likewise, make sure to note that the sound needs to 
be compressed in your log, so you won’t forget during the sampling ses- 
sion. 

How To Deal With Pitch-Shifting Problems 

This is another one of those trade-offs we warned you about. The com- 
promise, in this case, is between how natural a sample will sound and 
how much pitch shifting you will do. The more pitch shift, the less natu- 
ral the sound. Once again, we should state that unnatural does not 
mean unuseable. However, if your aim is to emulate the source as 
closely as possible, be thinking about pitch shifting when you are record- 
ing the source. 

Listen closely to the source instrument throughout its range. Note areas 
where the character of its sound changes. Plan on recording enough 
notes to capture each of the changes of character as well as its overall 
pitch range. As we mentioned in Key Splits For Multi-Samples, if you 
record the notes of a diminished or augmented triad throughout the 
range (four or three notes per octave), you should have enough source 
material for most (if not all) instruments. As long as you’re all set up 
though, why not go ahead and record a chromatic scale for the entire 
range? Even if your current sampler can’t handle all those splits and the 
large memory required, you may get a new one in the future than can. 
Also, this will give you the maximum flexibility in designing multi-sample 
key splits with the sampler you have now. 

As for the other parts of a sound that will be shifted along with pitch, a 
good general rule is this. If you’re recording for a multi-sample instru- 
ment, eliminate or minimize what you can. Use effects or other process- 
ing on the sampler’s output to restore sound qualities cohesively to both 
shifted and unshifted samples. 

• Background noises: The solution here is obvious. Remove the 
source of the noise. What may not be obvious is the noise 
itself. Pay very close attention as you are recording. Few 



• Resonance: Here is another area that indicates the need to 
record several pitches per octave. Mic placement and EQ can 
“even out” the resonances of an instrument’s construction, but 
here again you can’t eliminate them (nor would you want to). 
Resonances are not undesirable. They are, in fact, what sepa- 
rates a poor sounding instrument from a great sounding one. 
What is undesirable is the effect that pitch-shifting resonances 
create. For example, when you shift a classical guitar note up 
an octave, the resonances are shifted up an octave as well. The 
resulting perceived effect is a pitch an octave higher played on a 
guitar half the size of the original. As a melody is played, you 
hear the perceived size of the guitar change with every note. 
Three or four notes per octave will generally be sufficient to 
mask this anomaly. 

• Ambience: If the source recording has a lot of room sound in it, 
as well as the source itself, then the perceived size of the room 
will change with every shifted pitch. (Play a chord, and each 
note sounds like it was played in a different size room!) If you 
are striving for realism, avoid recording room ambience with the 
source. Close mic sources you intend to multi-sample with pitch 
shift. You can use a reverb or room simulator on the output of 
the sampler later. This will make all of the notes sound as 
though they were played in the same room. If you are recording 
a source that won’t be pitch shifted during a performance, then 
you can feel free to record lots of ambience. The snare drum is 
good example of this kind of source. (You may shift its pitch in 
order to Tune” the sound, but you won’t usually be playing snare 
melodies.) Go ahead and record it in a huge room (or with a 
digital room simulator). If you are using dual-track recording 
techniques (see above), use one track for close miking and the 
other for ambience. 

• Time-based effects: As we demonstrated in Loops, sources 
with these effects will be tricky to loop. The rate of the effects 
will also shift along with the pitch. Be very sure that you want to 
sample the sound with the effect. Don’t forget that, once it’s on 
tape (or in the sample), you can’t take it off. Perhaps the best 
approach if you want the effects is to record each note twice, 
once wet and once dry. You can also use the dual-track method 
to record it both ways simultaneously. (See below.) 

• Phrasing: The same holds true with elements of phrasing. 
Every nuance of an articulation will slow down or speed up when 
the pitch is shifted. Phrasing, of course, can define an instru- 
ment or idiomatic style. If your record source examples with 
exaggerated phrasing (like a slide on a trombone), have the 
player perform the figure chromatically through a useful range. 

Good Record-Keeping Procedures 

We can’t over-emphasize the importance of setting up, and sticking with, 
a good record-keeping system. You should keep a written log for each 
tape and “slate” the tape vocally as well. The log should record each 
and every take (tape location, what instrument, who played it, what 
note(s,) how it was played (staccato eighth notes, for example), what 
processing was used, and any other important comments or notes. 
Always slate the tape as well. (Slating means recording vocal com- 
ments right on the tape, immediately before the recorded tracks.) Slate 
the head of the tape with the date and what instruments will be on the 
reel. Slate each section as well (“Sax, overblown sixteenth notes, quar- 
ter note equals 60,” “Martin D-50 single-string harmonics, long fade," 
etc.). 


If you are using a video “Hi-Fi” recorder as your deck, you have the 
rather unique luxury of creating a visual slate. Since the Hi-Fi format 
doesn’t use the video track, you can use it for a slate. Tack a pad (or 
re-writable surface) to a wall. This will be your “clapper.” (A clapper is 
that little chalk board held in front of the camera with the scene and 
Take” written on it.) Mount your video camera in front of it, and write the 
slate info on the pad. Record the video with the audio track. Better still, 
put the slate on an easel in the studio. Record a few seconds of your 
“clapper.” Then remove it so the camera can “see” the performer. 
(Recording the player on video will help you locate the exact articulation 
you’re looking for and will also let you see when to start the sampler if 
you’re not using auto-trigger.) Re-slate whenever you start a new series 
of notes. (You may even be able to use your personal computer as an 
electronic clapper. With the right software/hardware, you can type the 
slate info directly onto the video image.) 


This also works very well if you are using the video deck for location 
recording. Suppose you want to sample a lion. Bring the camera along 
to the zoo, and shoot the scene while you’re recording audio. Since you 
can’t expect the lion to sound off on cue, there will be many long pauses 
on the audio tracks in between useful sounds. Later on, back in the stu- 
dio, use the fast scan mode to cue the deck visually to just the right spot 
to catch particular roars or growls. 


Accurate records of the location on the tape of each sound is the most 
important part of the log. If you are using a studio-quality deck or time 
code, you can log the location in hours, minutes, and seconds. If your 
deck only has a tape counter, you must log the counter number. Use 
the same method of resetting the counter for all your tapes. On reel-to- 
reel decks, reset the counter at the end of the header leader (or after the 
test-tone leader, if you’ve recorded tones). For cassettes, rewind the 
cassette to the beginning and reset the counter there. 

Don’t let your enthusiasm for the session distract you from logging and 
slating. You can very easily develop a source library with hundreds (or 
more) of sounds. It will be practically worthless to you if you can’t find 
material quickly and accurately. We have provided you with a sample 
log sheet for source sessions. Feel free to copy and use it as is, or mod- 
ify it to fit your specific needs (Figure 74). 

Release Forms 

Have the performers sign a release that states you are paying them for 
source material to be used as part of a sampling library and that you 
have their permission to reuse this material with no further obligations. 
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7.3 Planning The Sampling Session 



Figure 75: Once you've gotten a bunch of good source material recorded, it’s time to turn it into a 
bunch of good samples. You already know how to use your sampler from going through the 
experiments in the first part of this book. Now we want to share some advanced sampling tech- 
niques with you. 

The purpose of the sampling session is to turn your source recordings 
into clean and musically useful samples ( Figure 75 ). The samples can 
then be edited to create sampling voices (see Editing Voice Parameters), 
and these in turn can be incorporated into sampling instruments (see 
Editing Performance Parameters). Ideally, you want to be able to make 
several useful sampling voices from each source recording. You also 
want multiple recordings of the same source to blend together when they 
are used to create multi-sample instruments. The end result will be an 
expandable custom library of samples for your instrument. 

Things To Look Out For 
In The Sampling Session... 

Sampling sessions need not be as formal as a source session. You 
won’t have hired performers to worry about. Once the source material is 
captured on tape, you don’t even have to work in a studio environment. 
As long as you have the equipment handy, you can work in your living 
room (or kitchen or bedroom, for that matter). Although the process can 
be more relaxed, don’t lose track of details or suspend good record- 
keeping procedures. As with the source session, there are a few things 
you should be thinking about as you prepare for and run your sampling 
session. 

You Can Alter The Source Sound 

You can sample different versions of the source sound to create a more 
flexible collection of samples. By using various types of signal process- 
ing, you can alter slightly, or dramatically, the character and ambience of 
the original source. 

You Can “Fix” Recordings That Aren’t Perfect 

Even the most careful preparations and diligent work in the source ses- 
sion may still leave some fixing up to do when you sample. At this point, 
you can still make adjustments for level, dynamic range, and EQ-related 
problems. You won’t have much success trying to repair such things as 
flawed performances, too much ambience, or not having enough pitches 
or articulations. 
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You Can Use Voice Functions 
To Save Sampling Memory 

You will undoubtedly want to be able to play long notes with many of 
your samples. You can use envelope and looping functions to produce 
unlimited, natural sounding sustain from even the shortest samples. 

You Can Extend The Frequency Response 
Of Your Sampler 

We learned in Section 4 that sampling rate is the determining factor in 
high-frequency response. If your sampler’s maximum sampling rate is 
less than what you need for a particular sound, you can improve the 
sampler’s high-end response. 

You Can Re-tune “Untunable” Loops 

You might run into a problem with a short loop that can’t be tuned to the 
original pitch. This can occur when the sampling rate and the source fre- 
quency are at certain irrational ratios to each other. It can also occur if 
you can’t position loop start and end points with single-sample precision. 
Here again you may be able fix the problem without resampling the 
source. 

Keep Track Of The Samples You Create 

Yes, you will be creating a new set of even more material to keep track 
of! It’s just as important (if not more so) to organize your samples as it is 
to organize your source recordings. 

7.4 The Sampling Session 

The entire first section of this book is dedicated to demonstrating how 
each of the functions on your sampler can be used. For our experi- 
ments, we used samples of your voice as a source material. Go back 
and redo them (particularly those relating to voice editing) with sounds 
from your source session. Treat them as experiments at first. Don’t be 
as concerned with how “good" the final sound is. Instead, listen carefully 
to what happens to the source when you loop, splice, truncate, change 
envelopes, etc. Have fun and explore! Once you are comfortable with 
the functions and what they can do with a sound, it will be much easier to 
create a desired result. You’ll also find that they will help you develop a 
“feel” for working with different types of sources (i.e., strings, woodwinds, 
etc.). 

Sampling With Audio Effects 

Even if your source wasn’t recorded with effects, you can add them to 
the signal before it is sampled. Keep in mind the pitch-shift related prob- 
lems that can occur when sampling sounds with effects. There’s no rea- 
son not to try, however, since you still have the original unprocessed 
source recording. 

Sounds that won’t be pitch shifted much during performance are excel- 
lent choices for effects. (Take that dry tambourine sound and run it 
through a reverb set for “percussive plate,” or run that lion’s roar through 
a flanger.) 

If you’re building up a multi-sample instrument, like a full string section, 
and you want it to sound like it’s playing in Carnegie Hall, don’t sample 
with the ambience effect. Run the sampler output through the effect 
instead. This way, all the pitches will have the same effect. 


Using Compression/Limiting 
During The Sampling Session 

Remember to calibrate your sampler, mixer, and deck. If you need to 
compress or limit, you’ll know by watching the meters of the mixer 
(Figure 73). If you have a visual editor, it will help in this regard as well. 
(Read about Level Matching and Dynamic Range above.) If you’ve used 
compression/limiting, use the envelope functions of the sampler to 
restore an appropriate loudness contour to the sample. 
Compression/limiting will remove or attenuate the initial peak from a 
sound. To compensate, you must recreate the peak with the amplifier’s 
ADSR. 

Here is a quick way to reset the peak. First of all, set up the sustain loop 
(if you’re going to use one) as you normally would. Now, set the attack, 
decay, and release controls to their quickest settings. Set the sustain 
level to minimum. Play the key that produces the original pitch. (You’ll 
just hear a short click.) Now, slowly increase the decay rate until the 
portion of the note heard between the start and the beginning of the 
sustain section sounds the most “natural” to you. Next, increase the 
sustain level for the desired loudness for a held tone. Finally, adjust the 
release rate to produce the desired fade when a key is lifted. 

Synthesizing Natural Sustain 
With Loops And Envelopes 

You can save a great deal of sampling memory by using the sampler’s 
loop and envelope functions to synthesize sustain and percussion 
envelopes. We showed you the basics in experiments 21 and 22. This 
means that for many articulations on many instruments such as wood- 
winds, brass, bowed strings, vocals, organs, etc., you won’t need to use 
the entire source. Sample the whole note to begin with, so you have 
plenty to work with. Set the sustain/release loop(s) as close to the 
attack as you can. Now adjust the envelope(s) to give you the desired 
articulation. If you want to be able to hold a note indefinitely, set the 
sustain parameter to the desired loudness level. If you want a percus- 
sive effect (i.e., the sound will eventually fade out even while you’re still 
holding a key), adjust the decay parameter for the desired fade length. 
Set the loop to continue when you release a key. (This may be a sustain 
loop or a release loop; check your manual to find out how to set it up.) 
Now play short notes on the keyboard, and adjust the release parame- 
ter of the envelope for the desired fade length when you lift a key. At 
this point, you can truncate the sample, removing everything beyond the 
loop! You’ll find that you can frequently discard half (or even more) of 
the original sample. 

Half-Speed Sampling For Extended “High End ” 

You can squeeze more top end out of your sampler if your are using a 
dual-speed deck to play your source sounds. If you sample the source 
at half speed and then shift the sampled pitch up an octave, you will 
have effectively doubled your sampling rate. This also means the sam- 
ple will use twice the memory (which is exactly what it would’ve used if 
you could have doubled the sampling rate in the first place). Check to 
make sure that your sampler can transpose an octave above the origi- 
nal pitch. 

Varispeed Sampling To Re-Tune Loops 

Sometimes, no matter what you do, you’ll find you can’t tune a short loop 
to the original pitch. It will either be slightly sharp or slightly flat. You 
can use the deck’s varispeed function or a high-quality harmonizer to fix 
the glitch. First, subtract the start point from the end point to get the 
number of samples in the best loop you can get. Write this number 
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down. Use the varispeed function (or the harmonizer) to tune the source 
recording to the same pitch as the bad loop. Now re-sample the sound 
again at this new tuning. When you set up the loop again, put the start 
point in the same part of the sound as before. (It will be at a different 
sample number this time). Once you find it, add the number you wrote 
down to it, and use that as the location for the end point. The loop 
should now be in tune. Use your sampler’s retune function to adjust the 
sampled note back to the original ( A=440) pitch. 

Stereo Sampling 

If your sampler has the ability to assign voices to separate audio out- 
puts, you can do stereo sampling! We’re not saying that this will yield 
the same quality and precision of a true stereo sampler, but it can pro- 
duce surprisingly good results. It requires that your source material is 
already recorded in stereo, since you can only sample the left and right 
tracks one at a time. We’ve found this works quite well with sound 
effects (two ships passing in the night, jet air craft fly-by, racing cars, 
etc.). It may also work satisfactorily with stereo recordings of instru- 
ments (yes even CDs, but be mindful of how you use a sample of some- 
one else’s stuff!). 

The basic idea is to create two samples from the same source record- 
ing-one from the left track and one from the right track. Then layer the 
left and right samples on the same key(s), and assign each of the lay- 
ered voices to a separate output. Pan the output’s full left and full right, 
and you have stereo! The trick is that the start points in each sample 
must both be in exactly the same spot (relative to each other) in order for 
the stereo to by synchronized properly. If you have a visual editor, you 
should be able locate a spot common to to both samples visually. Once 
you’ve found such a spot, set the sample start point in each sample the 
same distance from this point. That way, when you hit a key, both sam- 
ples will begin at exactly the same spot. If you have trouble locating a 
common start point (or the effect doesn’t seem quite right), get out a 
good pair of headphones and listen to the layered sounds in stereo. As 
you listen, move the start point of one of the samples back (or forwards) 
until the stereo balance sounds correct. When you’ve got stereo hap- 
pening, be sure to try playing around with loops! For example, you can 
get some wonderful effects by using the same size loop set at different 
points in the left and right samples. 


One way to get a precise location is to splice some blank leader onto the 
tape of the source. Put the splice in front of the spot where the stereo 
effect begins. Do it in such a way so that you hear a brief bit of noise 
between the leader and the sound you’re interested in. Now, when you 
make your two samples, make the sampling length long enough to catch 
some of the silence at the front of the sample. (You can truncate this 
dead spot out later.) When you play the sample at this point, you’ll hear 
silence, then the noise, and then the actual source material you want. 
Locate the exact point in one sample (let’s say the left one) where the 
sample changes from silence to sound. (This will be easy to do because 
of the tape splice.) Remember the sample number of this point. Next, 
advance the start point to the spot you want to begin the sample at when 
you play a note. Figure out how many samples beyond the first point 
you’ve gone, and write it down. Now go to the right sample. Locate the 
point were the sample changes from silence to sound, and then move 
ahead by the same number of samples you did for the left sample (the 
number you wrote down). The start points of both samples are now syn- 
chronized. Listen to them in stereo. You may have to make a slight 
adjustment. (The sampler may not start both voices at precisely the 
same instant, so you may have to fudge a little.) When you are sure that 
you’ve got what you want, you can truncate both samples to the new 
start points. 
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Save As You Work 


As long as we’re talking about sample editing, be sure to edit a copy of 
the original (or latest version) of a sample. Every time you complete a 
step, like setting up the perfect loop points, save the sample before you 
move on. Sure you still have the original copy. And yes, you’ve still got 
the original source recording, too. But if it took an hour to set up the per- 
fect loop and you don’t pause in your work to save it, you may find your- 
self spending another hour doing it again. It’s never as much fun the 
second time. 


Good Record-Keeping Procedures 



The E-Mu EMax HD has a built-in 20 megabyte hard drive that holds the equivalent to 36 disks of 
samples. 


The number of samples in your library will grow at a fantastic rate if you 
get hooked on sampling. Most samplers store their data on disks of their 
own format. Some visual editors may store sounds in format compatible 
with a PC. For example, Sound Designer stores sample and voicing 
data on standard Macintosh disks. Either way, you’re going to end up 
with a lot of disks. You will have to come up with a manageable method 
for storing and accessing the disks themselves, as well as a method for 
cataloging what sounds are on what disks. 

One excellent method for managing the data is to keep your sounds on a 
hard disk. Typical hard disks can hold 10, 20, or even 40 or more times 
the data of a single disk. Some samplers support hard disks (Emax, E-ll, 
Synclavier, Fairlight), but most often you will need to use a PC to access 
a hard disk, which means that you must be able to store your sampling 
data in a format readable by a PC. If you are using a hard drive to hold 
your library “on-line,” be sure to have it backed up on floppies (or other 
media) as well. 

Inexpensive, fast, and reliable mass storage devices (10 meg or more ) 
are of great interest to just about everyone using PCs (even if they never 
even heard of samplers!). There are other ways to store data than flop- 
pies, micro diskettes, and hard drives currently available. New systems 
seem to pop up every other month or so. We expect sampler users will 
be able to choose from among these alternatives to hard and floppy 
disks in the not-so-distant future. 

Knowing where your disks are is one thing. Knowing what’s on them is 
another thing altogether! Even if you know the name of the samples on 
a disk, you may still be unsure exactly what the sample is. After a cou- 
ple of months, will you remember exactly which snare “snare # 43” is? 
This can really be a problem if you can only use a limited number of 
characters to name a sound file on disk. We have found that it helps to 
keep a log containing the disk ID, sample name, description, and com- 
ments for each sample. We’ve included a blank copy for you to use or 
modify as you see fit (Figure 76 ). 
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Figure 77: When you make your own samples, you'll be using a wide variety of gear, micro- 
phones, recorders, effects devices, and more. If you're not a studio veteran, don't sweat it. 
We're about to take an in-depth look at the tools of the trade from a sampler user's point of view. 


Microphone Types 

The most basic tool is, of course, the microphone. When you sample 
your own sounds, the mic is the first stop in the conversion from acoustic 
to digitized waveform. If the mic, or miking technique used, is inappro- 
priate for a given situation, you can ruin your sample before it ever gets 
inside the instrument. If you are not really familiar with the differences 
between mics, it’ll be well worth your while to read on. 

Mies come in all shapes and sizes. They can cost anywhere from less 
than $1 00 to many times that amount. Most microphone are designed 
to perform best in particular situations. We can’t possibly cover all of 
the various mics and their uses here. Instead, we chose to provide you 
with the basic information you’ll need to evaluate the potential useful- 
ness of any mic. 

There are three basic parameters for evaluating a microphone’s perfor- 
mance: dynamic range, frequency response, and transient response. 
Dynamic range will determine the limit of loudest and softest sounds that 
the mic can pick up. For our purposes, we only have to be concerned 
with the upper limit. Frequency response is both the range of frequen- 
cies the mic will respond to and how even that response is throughout 
the range. How quickly the mic can react to very rapid changes in loud- 
ness (such as those that occur during the first few milliseconds of a 
snare drum hit) is transient response. 

Taken together, these three parameters determine how accurately a mic 
translates acoustic to electronic energy. A very accurate mic is said to 
be transparent. In other words, you don’t know it’s there. Transparency 
is not necessarily a desirable feature. Many mics are carefully designed 
to selectively color the sounds they pick up. For example, a particular 
mic may be popular for vocals because it adds “presence” to the sound 
of the voice. 

In Section 1, we learned that the basic mechanism of a microphone is a 
diaphragm that moves in response to sound waves. Microphones can 
be built around several different diaphragm systems. The types com- 
monly used in musical environments are dynamic, ribbon, condenser, 
electret condenser, and PZM (Pressure Zone Microphone). Each type 
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will have its own particular “personality” with regard to dynamic range, 
frequency response, and transient response. We say “personality” to 
avoid implying any qualitative difference between mic types. It is impor- 
tant to realize that no one type is inherently “better” than another. The 
question is: Which type of microphone is best for a given situation? 
Let’s take a quick look at the different basic types: 

Dynamic Microphones 

Dynamic microphones are among the most commonly used mics in or 
out of the recording studio. In general, they are very rugged and can 
handle very high loudness levels. This makes them an ideal choice for 
location work (where a mic is bound to be dropped, bumped, or other- 
wise abused) or when very loud sources will be recorded (guitar amp, 
screaming trumpet, kick drum). 

Dynamic mics are not generally as accurate as other microphone types. 
In particular, they don’t respond as quickly to transients, and typically, 
their frequency response is somewhat limited on the top end. As we 
mentioned above, inaccuracy is not necessarily a disadvantage. In fact, 
recording engineers frequently rely on their “favorite” dynamic mics for 
recording specific instruments. The choices are subjective. Just be 
aware that a dynamic microphone (more so than the other types of mics) 
can be used to color your sound. Since they have limited frequency 
response and transient response, a dynamic mic will often make a 
source sound “warmer.” Several dynamic mics have a built-in presence 
switch, which can further enhance the coloration of the source by boost- 
ing the lower mid-range frequencies. 

Dynamic microphones are passive, meaning they don’t require batteries 
or a power supply to operate. Dynamic mics are among the least expen- 
sive of the different microphone types. Prices of professional quality 
dynamics range from about $150 to $500 or more. 

Ribbon Microphones 

Ribbon mics are not generally as rugged as dynamic mics. Most cannot 
handle extreme loudness levels that a dynamic can. Excessive loud- 
ness can physically damage a ribbon mic. They are generally more 
accurate than dynamic mics. They offer better frequency response and 
transient response. They are a good choice for sources like vocals, 
piano, and acoustic guitar. In general, ribbon mics are more transparent 
than dynamics, but not as “crisp” as condenser and electrets. 

Ribbon microphones are also passive. They don’t need batteries or an 
external power supply to operate. Prices of ribbon mics begin at about 
$250 and can go considerably higher. 

Condenser Microphones 

Condenser microphones are quite delicate and designed for use in a 
controlled recording environment. In general, these mics are extremely 
accurate, with exceptional frequency response and transient response. 
Unlike dynamic and ribbon mics, however, condenser microphones are 
active devices. They are designed around a dedicated pre-amplifier 
(usually separate from the mic itself). Very loud sound levels can over- 
drive this pre-amp, causing distortion. For this reason, virtually all con- 
denser mics have built-in pads. The pads attenuate the signal level 
between the diaphragm and the pre-amp. If possible, use of a pad is 
generally avoided, since they can degrade (very slightly) the perfor- 
mance of the mic. The extreme accuracy of condenser mics makes 
them the premier microphone of the recording studio. Not only are they 
well suited for almost any acoustic instrument (including the human 
voice), but they are often the mic of preference for recording ensemble 
groupings of instruments. 
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Since it uses a pre-amp, the mic requires a power supply in order to 
work at all. The power supply tor condenser microphones is usually a 
large transformer that must be plugged into an AC outlet. Alternately, 
many condenser mics may also be powered directly from the sound con- 
sole if it has phantom-powered mic inputs. 

There are no “cheap” condenser mics. The price range begins at about 
$500. 

Electret Condenser Microphones 

Electret condenser mics offer many of the features of condenser mics, 
but they are generally less expensive and don’t require large power sup- 
plies. These mics are also designed around a pre-amp, but the pre-amp 
is built right into the mic and powered by a small battery. The best elec- 
trets offer better accuracy than most dynamic and many ribbon mics, and 
some even approach the response characteristics of a condenser micro- 
phone. Since these mics use pre-amps, too, they require pads when 
used to record extreme loudness levels. 

Like condenser, electrets are a good choice for almost any acoustic 
source, particularly ones with fast transients like pianos, cymbals, and 
snare drums. They will produce a crisp, bright sound. 

Electret condenser microphones are not as delicate as condenser and 
are generally quite compact in size. They will perform reliably on loca- 
tion but can’t stand up to the same level of abuse that a dynamic mic 
can. 

Electret condenser elements are mass produced in great quantities. 
(They are built into practically any consumer product that uses micro- 
phones, from cassette recorders and answering machines to stuffed 
bears.) Because of this general availability, it is possible to purchase an 
electret microphone for very little money. However, good studio-quality 
microphones start at about $300 or so. 

PZM (Pressure Zone) Microphones 

A relatively new type of mic, the PZM is a miniaturized electret con- 
denser capsule mounted in a very specific manner (usually on a flat 
plate, but there are hemispherical and other mounting geometries as 
well). The special mounting makes them even more accurate than most 
standard electrets (they’re virtually impervious to acoustic phase prob- 
lems), and they can handle very high loudness levels without resorting to 
pads. The flat plate construction of a standard PZM allows it to be 
placed in unusual ways. For example, it can be taped to the underside 
of a grand piano lid or placed flat on the floor. 

PZMs are an excellent choice for almost any situation where a crisp, nat- 
ural (i.e., accurate) sound is required. They are particularly well suited 
for covering a large area of sound (drum overheads, ensemble group- 
ings, etc.). 

PZMs are quite durable and powered by a battery. They are excellent 
mics for location recording. For example, if you want to record the 
sounds at the end of a busy runway, or insects buzzing in a field on a hot 
summer’s eve, PZMs will yield superb results. PZMs run in the same 
general price range as good electret condenser. 



Figure 78: The Three Common Microphone 
Pickup Patterns 



Microphone Pickup Patterns 

Microphones are designed to pick up sounds in a variety of ways 
(Figure 78). Omnidirectional mics are sensitive to sounds that originate 
anywhere around the mic. Unidirectional mics are more sensitive to 
sounds that originate in front of the mic, and less sensitive to sounds 
originating to the sides and rear of the mic. Bidirectional mics are sensi- 
tive to sounds originating directly in front and behind the mic, but less 
sensitive to sounds originating to either side. 

The source you are recording and the environment you are recording it 
in will determine the pickup pattern you should use in a given situation. 
This may mean flipping a switch (if the mic has selectable patterns) or 
selecting a mic with a pattern to fit the situation. 

Selection of a pickup pattern is, for the most part, common sense. Think 
of a unidirectional mic as a flashlight, a bidirectional mic as two flash- 
lights (shining in opposite directions), and an omnidirectional mic as a 
bare light bulb. In each case, the mic would pick up anything that the 
light “shines” on. The closer a mic is moved to a sound source, the loud- 
er it will become. At the same time, sounds from other sources will 
become softer. To get the best possible isolation of a single sound 
source, use a unidirectional mic up close. To get the best possible blend 
of multiple sound sources, use an omnidirectional mic placed equidistant 
from each source. When in doubt, a unidirectional mic is generally your 
best choice. 


Due to the way they are constructed, all unidirectional mics will produce 
a boost of lower frequencies when they are moved to within a few inches 
from a sound source. This is called proximity effect. Vocalists have 
taken advantage of this for many years. Moving the mic right up to the 
lips adds a lot of bottom to their vocal sound. Be aware that the same 
will happen if you move a unidirectional mic very close to anything. For 
example, if you close mic a guitar amp with any unidirectional mic, you 
will be boosting its low frequencies. If you are trying to accurately cap- 
ture the sound of the amp, this will flaw your attempt. A better solution is 
to use an omnidirectional mic. Omnidirectional mics don’t produce any 
proximity effect. If the mic is within a few inches of the amp, it will 
behave like it has a unidirectional pattern, since the sounds in front of it 
are very much louder than sounds to the sides or rear. (Could you hear 
sounds beside you or behind you, if your ear were four inches away 
from a screaming Marshall stack?) 


What about bidirectional mics? Suppose you want to record two singers 
in harmony. Put one in front and the other behind a bidirectional mic. 
Adjust each singer’s position from the mic to get a proper balance. The 
same approach can work very well to balance an ensemble. With a 
brass choir, you could seat the trombone section facing the trumpet sec- 
tion with a bidirectional mic in between. Move the mic closer to or fur- 
ther from the trumpets to get a good balance between both sections. 
The bidirectional pattern is also very effective with instruments like grand 
piano, vibes, and marimba. Place the mic directly over the harp (or 
bars). Move it left or right to get a good balance between the bass and 
treble sides of the instrument. 









Taking Sounds “Direct” 

Of course, not every sound you wan to collect will originate from an 
acoustic source. You may want to sample the outputs of an electric 
bass, without playing it through an amp, for example. Synthesizers, 
electronic pianos, electric guitars, and even other samplers are all exam- 
ples of sources that can be taken direct. This relieves you from deci- 
sions regarding which mic or which pickup pattern. There are several 
factors you should be aware of though. 

If the source has a variable output level (i.e, a volume, gain, or loud- 
ness control), be sure to set it to produce the best possible signal-to- 
noise ratio. The input level of the recording device, whether it is a sam- 
pler, analog or digital tape, etc., should be properly matched to the out- 
put level of the source. The impedance of both units must also match. 
The operations manuals should detail the appropriate settings. 

It is often necessary to use a direct box between musical instrument out- 
puts and pro-audio gear inputs (Figure 79). A direct is essentially an 
impedance matching transformer. It matches Hi Z line-level sources to 
the Lo Z mic-level inputs of a mixer. Some direct boxes (Dl’s) can even 
match amplifier outputs (the same signal that’s sent to the speakers in a 
guitar amp, for instance) to mixer inputs. Use the best quality direct box 
you can afford, since a poor quality box may actually change the quality 
of the sound running through it. A high-quality direct box may also have 
switches for inserting pads for matching hot levels. Some may have a 
ground lift switch as well. 

Once the source and recording devices are connected properly, you can 
still end up with dirty or noisy audio. One of the most common causes is 
a ground loop. If all of the units (whether they are in the audio chain or 
not) sharing the same AC line are not grounded correctly, a very annoy- 
ing hum can appear in your audio line. Check the AC to see if the out- 
lets are grounded correctly. (You can buy a simple plug-in tool for under 
$5 that will do this quickly and safely.) Check to make sure everything is 
grounded correctly at the power and audio connections. Try removing 
unnecessary devices from the AC line. Try disconnecting the source or 
recorder from the ground. (Use a ground-lift adapter on the AC or a 
direct box with a ground-lift switch. 

Instruments with electro-magnetic pickups, like electric guitars and elec- 
tric pianos, are susceptible to noise induced by power transformers. 
You may find that your guitar sound gets noisy when you stand in a cer- 
tain spot in the room. Look around. There are probably fluorescent 
lights nearby. The noise is caused by the transformer in the lighting’s 
ballast. Hopefully, you can move the light or the guitar, and the noise 
will disappear. Likewise, it is often a bad idea to stack an instrument or 
device that uses AC on the top of an electric piano or clarinet. The pick- 
up in these keyboards works on the same principles as a guitar pickup. 
Putting anything with a power supply transformer on top of them can 
cause noise in the keyboards’ output. 

Mixers 

The audio mixer has evolved over the years into a very sophisticated 
and complex device. The term “mixer” can refer to anything from a bat- 
tery-powered box with a couple of jacks and sliders to a computer-driv- 
en, mega bucks console that looks like something destined for the 
bridge of the Starship Enterprise. From the point of view of the sampling 
engineer, the two most important features of a mixer are audio quality 
and audio routing. By audio quality, we mean that the mixer should be 
transparent. It should neither add nor subtract anything to or from the 
signal that we run through it, unless of course, we choose to color the 
sound ourselves, in which case the mixer should provide access to a 



Figure 79: Direct Box 
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useful set of sound-enhancing functions. Some of these may be on- 
board (built into the mixer itself), such as EQ and reverb. An equally 
important feature in this regard is how the mixer routes audio signals. 
Many of the most useful processors, like compressors and digital delays, 
are stand-alone units. For this reason, a good mixer should provide a 
flexible effects send/retum system, so you can route your signals to and 
from a variety of outboard gear. 

Another thing to look for in a mixer is flexible monitoring. You should be 
able to listen to the signal at various points along the audio path. For 
example, when you’re tracking down a distortion problem, it’s a great 
help to be able to listen to the signal before and after the mixer’s fader 
and effects (pre-fader, post fader). You’ll also need to be able to switch 
back and forth easily between the source and tape, or the sampler’s 
input and output. A mixer with even modest onboard features can be 
invaluable as long as it provides a flexible patching (routing) scheme, a 
choice of monitor points, and (most of all) high-quality/low-noise audio. 

Equalizers 

As we mentioned above, the audio path should be as clean and unal- 
tered as possible from the source to the storage media. If you decide 
(after monitoring your signal) that it is not exactly what you want, one of 
your options is to alter the sound’s tone color with an equalizer. An EQ, 
by either boosting or cutting selected frequencies that pass through it, 
changes the source’s tone by altering its harmonic content. EQs are 
commonly used in virtually all audio applications, and we can’t even 
begin to cover all the ways you may find them useful. However, we 
would like to pass on some advice. All but the very best EQs will add a 
certain amount of phase distortion to a signal. (This side effect is an 
inherent part of most EQ circuits.) If you find yourself using radical set- 
tings of an equalizer’s controls (like maximum cut or boost), be aware 
that you may be asking for trouble later on. Along with the tone change, 
you’re adding phase distortion and other non-removable anomalies to 
your sound. This can cause problems with your samples when they are 
layered or used in a multi-sampling context. Once you’ve recorded or 
sampled with drastic EQ, you’re pretty much stuck with the results, so 
before you “go for it” with the EQ settings maxed out, try to find another 
way to tame the sound. (Change the mic placement or the mic itself, 
etc.) Like so many things in life, EQ is best when used in moderation. 

Effects 

Many times, the original sound just isn’t as exciting as what we had in 
mind, like the time you wanted the sound of the harp of a baby grand 
being struck by a mallet in an empty concert hall. Like the rest of us, you 
probably could get access to a baby grand for a few minutes, but an 
empty concert hall might be a little tough. Fear not, necessity is truly the 
mother of invention. There are hundreds of devices out there with the 
capability of simulating not only a large empty concert hall, but they can 
simulate what that hall will sound like with two people in it, four hundred 
people in it, curtains on the windows, no curtains on the windows, no 
windows, no walls-you get the picture. The terms reverb and digital 
delay are probably not new to any of you, but what may be news is the 
level of sophistication that even the more modestly priced devices have 
reached. The point to keep in mind is that you can use reverbs, room 
simulators, etc., to transform a simple dry sound into something quite 
remarkable. 

For sampling, however, the big question is: When should you use a 
delay-based effect? Do you sample with the effect or use it on the sam- 
pler’s output instead? When you’re using a reverb or delay on a sound 
that will be sampled, you must keep in mind that, as this sound is trans- 
posed up or down, the effect will also speed up and slow down. This is 
also true of other time-based effects like phase shifters and flangers. 


126 




(See How To Deal With Pitch-Shifting Problems for more about this.) If 
this change in effect is tolerable to your end result, by all means use it. 
If you are looking for a more natural effect, though, it may be better to 
put the effect on the output of the sampler, as you would any other 
instrument. One other point worth mentioning is that, when you are 
using delay or reverb, you will have to increase the sampling length 
(time) to make sure you capture the total effect. This, of course, will 
require you to use more sampling memory to capture the entire sound. 


One of the more popular production techniques currently in use is gated 
reverb. (You know it: The explosive sound of English tom-toms ring out 
over neon night shots of the Big City and bottles of beer.) The drums (or 
whatever) are run through a reverb set for “Huge Hall,” but the reverb 
doesn’t ring out for the normal length of time. Instead, it’s cut short 
(gated) to produce a dramatic effect. You can achieve this with a sam- 
pler by intentionally setting the sample length (or use truncate) to cut off 
the tail of the source with lots of reverb. In fact, that’s how the effect 
came into being. Samplers were used this way before there was such a 
thing as gated reverb. 


Compressors And Limiters 

Compressors and limiters are of particular interest to sampler users, so 
much so that we feel we should take the time here to look into what 
they’re all about. First of all, both terms are almost always mentioned in 
the same breath. (Indeed, we frequently refer to the “compressor/limiter” 
throughout this book). So what’s the difference between them? Both 
really do the same thing. The distinction between the two is a matter of 
degree. For now, let’s stick with the term compressor. We’ll draw the 
line between the two in a bit. 

Basically, a compressor reduces the overall “distance” between the loud- 
est and softest parts of a sound. The key compression parameters are: 
threshold, compression ratio, and release time. Threshold is a variable 
parameter that sets the point where the compression will begin. The 
compression ratio determines how much compression will occur. With a 
ratio of 4:1 , for example, for every 4 dB above the threshold the original 
signal goes, the output of the compressor goes up 1 dB. Release time 
determines the rate at which the compression effect stops when the sig- 
nal falls below the threshold. Figure 80 shows the same signal before 
and after compression at a 4:1 ratio. Notice the difference in the height 
of the peak relative to the rest of the signal. 

The compression ratio is where the difference between compression and 
limiting lies. Compression is generally defined as ratios from 2:1 to per- 
haps as high as 8:1 . Ratios above 8:1 produce the effect known as limit- 
ing. It’s called limiting, since at these higher ratios, the output of the 
compressor virtually never goes beyond the threshold level. The higher 
the compression ratio, the less dynamic range (volume change) in a 
sound. In a standard recording situation, drastic compression is gener- 
ally avoided like the plague, but in a source or sampling session, it can 
often be a true blessing. 

When you try to sample a sound that has a greater dynamic range than 
your sampler (read about Level Matching below to learn how to recog- 
nize this condition), you may get an inferior-quality result. This happens 
because most of the sample is recorded at a low level in order to catch 
the peaks of the sound without distortion. Consequently, the softer parts 
of the sound fall below the noise limit of the sampling window and are 
obscured by noise. As you can see in Figure 80, compression reduces 
the distance between the peaks and the softer parts of a sound. As a 
result, when you sample the compressed sound, the parts that were too 
low before can now be brought up to better levels. The compressed 
sample will be much quieter than the uncompressed version. 
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Yes, the compressed version will also sound “squashed” dynamically, 
but that’s what the sampler’s amplifier and envelope generator is for! 
You can synthesize the peak that was flattened by the compressor by 
simply using an envelope with the sustain set to a value less then maxi- 
mum. The lower the sustain setting, the higher the synthesized peak will 
be. (Use zero sustain for non-continuous sounds.) Use the decay 
parameter to set the “shape” of the peak. Short decays will sound per- 
cussive. Longer decays will sound smooth. If you do a lot of serious 
source sampling, seriously consider putting a compressor/limiter on your 
list of “must have” items. 

Recorders 

If you are going to create your own custom collection of sounds, we 
don’t recommend recording your samples directly into your sampler. 
Most samplers can’t hold even a minute’s worth of high-quality record- 
ings at one time. One sample session for a single source will yield sev- 
eral times that amount of useful sounds. Besides, the tape also makes 
an excellent safety backup of your source material. Also, as we men- 
tioned in Section 1, recording with an analog or digital tape machine pro- 
vides you with a great deal of freedom. You can record as much as you 
want. You don't have to worry (at this point anyway) about what sam- 
pling rate, length, or auto trigger level to use. Your library won't become 
obsolete if you change to a different type of sampler. Another important 
factor to consider is this. At this time, the audio quality of most samplers 
is not as good as a professional analog or digital audio recorder. (This 
doesn't include samplers costing more than $30,000.) If you record your 
sounds carefully on tape, you won't lose any more quality than you 
would have if you sampled them “live” in the first place. So in effect, you 
have nothing to lose and everything to gain. Below are some important 
details about the different kinds of recording systems. 

Digital Tape Recorders 

Digital Tape Recorders work on basically the same principles that your 
sampler works. It takes in an audio (analog) signal, converts it to a digi- 
tal format, and stores this digital information. When it’s time for play- 
back, it then takes this digital information from tape (where it was origi- 
nally stored), converts it back to audio (analog), and sends it out. All the 
same rules for bandwidth and s/n that were described for your sampler 
hold true here. Due to the fact that most digital recorders have resolu- 
tion in sixteen bits and sample at rates over 44.1 KHZ, you have s/n 
ratios around 96db and frequency responses of 2HZ-22.000HZ. 

Digital recording technology, also known as PCM (Pulse Code 
Modulation), is offered in a wide variety of recording machines and for- 
mats. These formats may vary from manufacturer to manufacturer and, 
many times, from model to model. For now, we will limit our discussion 
to only those machines that offer the quality of PCM recording but at a 
price that most of us can afford. Remember, the main purpose of our 
recorder should be nothing more then a place where we can easily and 
efficiently store and play back our sound library. 

One of the most common and effective ways to achieve this is by using 
a PCM processor that converts the digitized signal to a signal that can 
be recorded on a ordinary videotape recorder (VHS or Beta). Sony was 
one of the first manufacturers to offer such a device and has since pro- 
duced several models, i.e., PCM-F1, PCM-613, etc. These models 
range in price from $800.00 to about $1,100.00. By using a PCM pro- 
cessor, you can instantly turn your home VCR into a two-track digital 
recorder. One thing you should be aware of is that, if you attempt to 
play sounds back on a different processor or different VCR, you will 
probably notice some change in the audio quality This loss (due to the 
conversion process) may not be enough to affect the bandwidth of your 
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samples, but nonetheless, there will be some loss. This problem only 
appears when you are playing back your tapes on any system other than 
the one it was originally recorded on, so stick with the original whenever 
possible. 


When using the PCM processor, you will not be able to simultaneously 
record a picture along with the sound, since the PCM signal is recorded 
onto the video track. 


Analog Tape Recorders 

What we mean when we say “analog tape recorder” is simply any 
machine that records a normal audio signal directly onto magnetic tape. 
The cassette player in your car or the one in your home is a perfect 
example of an analog recorder/player. 

The major difference between an analog deck and a digital one is quite 
simply the quality of the recording. The best quality analog decks have 
a frequency response of about 25HZ-20KHZ (as compared to the 2- 
22KHZ of a PCM deck). Many analog machines don’t go this high. A 
good quality analog deck has a dynamic range of about 55-70db, as 
compared to the 96db of a PCM deck. 

At first glance, it may seem as though the analog deck isn’t a first-choice 
option as a storage facility for a sampler’s sound library. After a closer 
look, though, the analog deck might not seem like such a bad deal. The 
first and maybe most important point is that, depending on the sampler 
you own, the sampler will probably not have the frequency or dynamic 
range of analog tape, let alone the extended specs of digital. Another 
point to mention is that with the wide range of models that analog tape 
decks come in-multi-track, reel-to-reel, battery-operated cassettes, 
home and studio cassette decks-you will probably never come up 
against a recording application that at least one of the analog machines 
couldn’t handle . Say your sampling session calls for you to record the 
sound of a motorcycle racing down the highway. Good luck trying to 
strap your PCM processor and VCR to your bike, not to mention the 
miles of extension cord you would need. The point is: Spend some time 
thinking about your total needs from specs to performance applications. 

Hi-Fi VCRs. 

Hi-Fi or High-Fidelity sounds like a term we should get to know. 
Somewhere around the early 1980s, many of the Japanese videotape 
recorder manufacturers began to offer tape machines with high-quality 
audio tracks. Unlike PCM recording, it allows you to record high-quality 
audio along with the video picture. (Hi-Fi audio does not replace the 
video track, rather it records between it.) This process allows you to 
record directly into your deck without the added expense of a PCM pro- 
cessor. Although the Hi-Fi specs are slightly less than the PCM specs, 
for sampling purposes, they are nearly equal. (And yes, you’re right, if 
you hooked up a PCM processor to your Hi-Fi deck, you would now 
have two tracks of Hi-Fi and two tracks of digital recording. Not bad-a 
high-quality four-track recorder for under $1 ,500.00.) 
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Comparison Of Basic Recorder Features 



R-DAT 

CD 

PCM 

VCR Beta 

PCM 

8mm Video 

Hi-Fi 

VCR Beta 

Hi-Fi 

VCR VHS 

Analog 

Cassette 

Frequency Response 

10-22kHz 

WE3SSSBM 

10-20kHz 

20-15kHz 

20-20kHz 

20-20kHz 

18-21 kHz 

Dynamic Range 

96 dB 

96 dB 

90 dB 

88 dB 

80 dB 

80 dB 

72 dB 

Recording Medium 

DAT 

cassette 

optical 

disk 

video cassette 
L-750 

video cassette 
8mm 

video cassette 
L-750 

video cassette 
T-120 

audio cassette 
C-90 

Number of Audio Channels 

2 

2 

2 

2 

2 

2 

2 

1 :TJ»M J. N JCTTffaiasffii 

yes 

no 

yes 

yes 

yes 

yes 

yes 

1 sJ J l ^5^Tfy^pHearg^W7[aar^ 

bmhhmmi 

iidlSSli 




■■■■■■I 



yes 

yes 

no 

no 

no 

no 

no 

Record/Play Time (normal) 

120 min. 

46 min. 

180 min 

120 min 

180 min 

■EESESIE^H 

90 min 

Record/Play Time (max) 


75 min. 

300 min. 

24 hrs 

300 min. 

480 min. 

120 min. 









Figure 81 : Tape Recorder Comparisons 

R-DAT & S-DAT 

The buzzwords of the ’90s: The term R-Dat stands for rotating head-dig- 
ital audio tape, and S-DAT is stationary head-digital audio tape. The 
only real difference between the two is (you guessed it!) one has a mov- 
ing head, and the other doesn’t. There are some differences in tape 
recording periods, cost, and size, but as far as the quality of recording 
goes, they’re both equal. For now though, the R-DAT format is the one 
that has been chosen by most manufacturers. What does all this mean 
to those of us that seek the perfect host for our precious sound libraries? 
What it means is that we may have found it! An R-DAT machine offers 
the high performance specs of digital, the portability and flexibility of 
analog, plus a system of labeling, filing, and searching of the tape that 
has never been offered before. The chart on the previous page com- 
pares some of the more critical specs from one form of recording 
machine to another (Figure 81). 

7.6 Interfacing The Sampler With Recording Equipment 
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Figure 82: Proper setup of the main components of your sampling system will help you to make 
better quality samples. 

Of course, knowing how each recording tool works and what it does is 
only part of the story. The individual components must be set up in a 
system (Figure 83). We recommend recording your source material onto 
an analog or digital audio recorder (which we’ll refer to as “the deck” 
when we mean any of these) first. The output of the deck is then used 
as your sampling source. During the source session, your primary con- 
cern is the audio connections between the mic, mixer, and the deck. 
During the sampling session, the primary concern is the hookup 
between the deck, mixer, and the sampler. The basic components are a 
mic, direct box, mixer, deck, and sampler. Add additional mics, a com- 
pressor/limiter, good-quality reverb and EQ, and you have a complete 
personal-use sampling studio. 








































Figure 83: Here are the essential connections for the source/sampling session. You’ll need to be 
able to monitor the source, the deck (tape and input), and the sampler output. If your mixer has 
the capability, you'll find that it's very helpful to be able to listen to mixer inputs before they hit 
the fader and effects (pre-fader, as well as after the fader and effects (post fader). 


Source Connections 

The audio path used during the source session flows from the source to 
the mic (or direct box), through the mixer and to the deck. You should 
be able to easily insert audio processors between the source and the 
deck (preferably before or after the mixer fader). 

You must be able to independently monitor (listen to) the source pre- 
fader (before it is processed by the mixer’s channel gain, and EQ and 
processing), post fader (the signal as it is being sent to the deck), and of 
course, the output of the deck (both tape and input if possible). If the 
player is in a separate room, you should be able to feed him the mixer 
output and deck output. 

Sampling Connections 

During the sampling session, the audio path flows from the deck, 
through the mixer, into your sampler. Here again, you should be able to 
easily insert audio processors between the deck and the sampler before 
or after the mixer fader). 


In the sampling session, you should be able to independently monitor 
the output of the deck, the output the mixer, and the output of the sam- 
pler. If the sampler has a separate audio Through jack,” you also should 
be able to monitor this. 

Level Matching The Mixer , Deck, and Sampler 

We can’t emphasize the importance of proper level matching enough 
As we have seen, sampling at levels that are too high or low will produce 
poor sounding (if not unuseable) samples. Contrary to popular myth 
setting up proper levels for a sampling session is not a trial-and-error 
process (nor is it a mystical one). Recording engineers use a simple 
level-matching procedure to set and match recorder and mixer levels 
This technique works equally well when samplers are added to the basic 
recording setup. 
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Figure 84: The purpose of calibrating the 
deck and sampler with the mixer is to 
insure the best possible levels go to, and 
come from, each component in the system. 
Once you're calibrated, you don't have to 
keep looking back and forth between the 
meters anymore! Just keep your eyes on 
the mixer's meters. They'll tell you what 
you need to know. 






Since the sampler, mixer, and deck all interact with each other, it makes 
sense to set all the levels to one reference. In studio parlance, this is 
called calibration or “zeroing out.” The idea is to match levels, so that 
when the meter on the mixer input reads OdB, the input levels of deck 
and sampler (and anything else in the chain) are set for their best possi- 
ble s/n ratio. Once everything is calibrated, you can use the meter(s) of 
the mixer as your reference. Not only will this ensure proper level 
matching between the source, deck, and sampler, but watching the 
meter will tell you when you will need to use compression or limiting 
(more about this below)! We’ve outlined a standard calibration proce- 
dure below, but be sure to check in your manuals for specifics (Figure 
84). 

Calibrating The Mixer 

Connect the mixer’s master outputs to the inputs of the deck and the 
sampler. Bring down all of the faders, and defeat any EQ and/or effects. 
Use a 1 kHz test tone to set the output levels to exactly OdB. You can 
use a synthesizer sine wave if the mixer doesn’t have a built-in test oscil- 
lator. (The “C” two octaves above “middle C” is 1 .046 kHz.) This is 
done by setting the master faders to their optimum position (check the 
manual), and routing the test tone to an input fader. The fader should 
feed the left and right master outputs. Raise the fader until the master 
meters hit zero. (Both meters should read exactly the same; if they 
don’t, check to make sure there is no panning on the input fader.) 
Leave everything as it is. Now you’re ready to calibrate the deck and 
sampler. 

Calibrating The Deck 

The normal procedure for deck calibration includes other parameters, 
such as head alignment, bias, and azimuth. This is all part of the stan- 
dard maintenance procedures for any tape deck. We will assume that 
your deck has been properly set up at this point. We are also assuming 
that you want to calibrate your deck to OdB. If you want to record “hot” 
levels, then make the appropriate adjustments below. 


The deck’s inputs are connected to the left and right master outputs of 
the mixer. Its outputs are routed to the appropriate tape returns or fader 
inputs of the mixer. 

Switch the deck’s meters to input or source. Adjust the input level con- 
trols of the deck, so each channel shows exactly OdB. (Don’t touch the 
mixer’s levels!) Now switch the deck’s meters to output or tape, and put 
the deck in the record mode. Adjust the output level controls so that 
each channel shows exactly OdB. While still recording, switch the 
meters between input and output. The needles should read zero in 
either position. Record 30 seconds or so of the test tone on the tape, 
and stop the deck. Play the recorded tone, and adjust the tape returns 
on the mixer so that they read OdB. 

Calibrating The Sampler 

The sampler’s input is connected to one channel of the mixer’s master 
output (unless you have a stereo sampler). Its output will be connected 
to its own fader on the mixer, but you will also want to switch it to the 
same fader being used for the test tone for one part of the calibration 
procedure. If you are using an external source for the test tone, route 
the sampler to a different fader for now or use headphones. 
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Put the sampler in the input or ready mode, so that you can see its input 
level display. Set the input level control to the recommended level. 
(Check your manual.) Sample several seconds of the test tone from the 
oscillator. Play back the sample. If you hear digital distortion (refer to 
experiment# 2 if you don’t remember what distortion sounds like), drop 
the sampler’s input level slightly (don’t change the mixer settings!) and 
sample again. Continue to do this until you’ve found a spot just below 
the distortion threshold. 

If you don’t hear digital distortion when you first play back the sample, 
increase the sampler’s input level slightly and sample again. Continue 
to do this until you hear digital distortion. Then back the level off to a 
point just below the distortion threshold. The sampler’s input level is 
now calibrated to your mixer and deck. 

If you have a visual editing system, you can be a bit more precise. View 
the sampled waveform, and adjust the level until the amplitude of the 
wave is 3 to 6dB from the top and bottom limits of the scale. 

On the mixer, mark the position of the test-tone fader. Drop the fader. 
Turn off the test tone, and connect the sampler’s output to the same 
fader. Reset the fader to the marked spot. Play the sampled test tone, 
and adjust the sampler’s output level until the mixer meter shows OdB. 
Now play the tape of the test tone. The meters on the deck as well as 
the meters on the mixer should all read OdB. Sample the taped tone. 
(Don’t change any levels.) Play the sample (at the original pitch). The 
mixer meters should read OdB for the sampled tone as well. The sam- 
pler’s output level is now calibrated to your mixer and deck. Note the 
positions of the sampler’s input and output controls. Now that they are 
calibrated, you should not change them during the session. (You may 
even want to tape them in place.) 

Now that everything is calibrated, all of the mystery and guesswork is 
gone from setting proper levels. You know that a level of OdB on the 
mixer’s output meter is the best possible level for either the sampler or 
the deck. Signals with levels that push the needles above OdB will 
cause distortion. Signals with levels much lower than OdB will be noisi- 
er. All of your level adjustments from this point on, whether you are 
recording or sampling, are set at the mixer-never at the input/output 
controls of the deck or the sampler. 

How To Use The Meters 

During the session, keep an eye on the meters feeding the deck or the 
sampler. You want to keep those levels as close to OdB as you can 
without going beyond it. Most sounds, of course, won’t produce steady 
levels. You must adjust the fader(s) so that the loudest part of the 
sound hits zero but doesn’t pass it. Once you’ve set the mixer for the 
loudest part of the sound, watch where the needle goes for the rest of 
the note. If it drops below -6dB for much of the sound’s duration, you 
should consider using compression or limiting. As the level drops from 
OdB, you lose the equivalent to one bit of sampling resolution for every 
6dB. Gain processing (i.e., compression/limiting) can restore the lost 
resolution, but it alters the dynamics of the source. The envelope func- 
tions on the sampler can restore dynamics changed by gain processing. 
(See experiments# 23 and 24 for how to do this.) The question to be 
asked at this point is: Should you compress the sound during the 
source session (the deck input) or during the sampling session (the deck 
output)? (See The Source Session and The Sampling Session.) The 
key thing to remember is, if the needle hits zero on the peaks but stays 
well below-6dB for much of the sound, you’ll need compression/limiting 
(Figure 73). 
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8. Using Sampling Libraries 

There are a number of commercially available prerecorded sound 
libraries. We’ve included a list in Section 3. These consist of high-quali- 
ty recordings of a variety of instrumental and other sound sources. The 
media used may be high-quality cassette, reel to reel, or CD. Some are 
available already digitized on formatted disks for particular samplers. 
(This relieves you of having to actually sample the sounds, but you’ll still 
have to spend time editing voice and instrument parameters.) We’re 
sure that in the very near future prerecorded sound libraries will also be 
available in R-DAT format. 

Even if you plan on recording your own samples, a prerecorded library 
can give you access to exotic instruments that would otherwise be 
unobtainable. For example, it may be impractical for you to get twenty 
string players into your living room for a sampling session, or you may 
not be able to find anyone who has (and can play) a collection of exotic 
Indian percussion instruments. The same holds true for sound effects. 
Ship and train whistles, air-raid sirens, galloping horses, automobile col- 
lisions, and automatic weapons fire may be the source for some very 
inspired sound designs, but for obvious reasons (at least they’re obvi- 
ous to us!), you may not want to go out and collect the sounds on loca- 
tion yourself. 

The production of prerecorded sound libraries is an actively growing cot- 
tage industry. Every month, new companies offering them appear in the 
trade magazines. (This is similar to the appearance of hundreds of com- 
mercial sources of synthesizer presets.) We recommend that you do 
some investigating before you spend a few hundred dollars or so on a 
library. If you can get a directory and a “demo” tape, you can learn 
some valuable information before you purchase a library. There are 
many questions that should be answered before you commit your cash. 
Exactly what instruments are included? Are they sounds you can really 
use? For each instrument, how many pitches are recorded? How many 
different articulations are there? Where the original recordings done in a 
studio? Listen to the demo. Are the sounds clean? Do they sound con- 
sistent from note to note? Are they dry, or do they have a lot of ambi- 
ence? 

If you get a prerecorded library, we recommend getting it in a standard 
audio format (analog tape, record, CD, RDAT, etc.), as opposed to disks 
formatted for your particular brand of sampler. An audio format library 
can be used with any sampler. Your investment will go a long way, 
since you can continue to use the library if you replace your current sam- 
pler or add additional samplers to your system. You may also find this 
can help offset the initial purchase price of the library in another way. 
Since any type of sampler can use the library, why not share the cost 
with some friends who also have samplers? 

Ideally, the library should be in a format that is as good as or ever better 
than the audio quality of your sampler. We find CD libraries (like the 
3,100 should Sampler Library produced by Sound Ideas) to be particu- 
larly attractive in this regard. The audio fidelity of CDs is excellent. The 
medium is durable, and an enormous number of sounds can fit onto a 
relatively small number of disks. The random access nature of CDs 
facilitates locating particular sounds quickly and easily. 

Don’t forget, before you buy any sampling library, audition it! Make sure 
that the selection of sounds, the quality of their performance, and the 
quality of the recording/sampling are appropriate for your needs. 
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Part 3: Specs. ..Specs.. .Specs... 

9. What Good Are They ? 

Specifications, no matter what they relate to (cars, stereo equipment, or 
musical instruments), always seem to raise more questions than they 
answer. The problem with specs is like that sword that cuts both ways. 
You can spend too much time comparing one product’s specs with 
another’s, or you don’t spend enough time comparing one product’s 
specs with another’s. Confused? Of course you are. That’s our point. 
If you don’t know what to do with them, specs won’t be any help at all! 

Specifications are only valuable if you have some practical understand- 
ing of how the numbers were derived and how they apply to the overall 
product evaluation. Without an appreciation for the spec’s derivation 
and practical application, you may be making decisions based on 
parameters you may never need or use. How about that time you spent 
three hundred dollars more on a power amp for your car because it 
delivered 50 watts more than the cheaper one. Good deal, huh? Yeah, 
until you found out that, in order to get it to produce those 50 additional 
watts, you had to purchase two more speakers (for another two hundred 
dollars). Then after you spent all that money and had everything 
installed, you found out that the system was way too loud for your car. 
(We’re sure that if you haven’t had this experience, you’ve had a similar 
one.) 

The best way to approach specifications is by sorting out which specs 
relate to which aspects of the product. Let’s say you’re about to pur- 
chase a car. The first thing you should do is classify all the specs into 
categories like “driver and passenger luxuries,” “handing and perfor- 
mance,” “safety and mileage,” “price.” (Yes, price sure is a spec.) Once 
you have decided on the categories, you should start placing the differ- 
ent specs into each category. High-fidelity, interior lighting, and the inte- 
rior cubic size would go into the “driver and passenger luxury” category. 
The engine size, steering type and braking distance specs would be 
“handling and performance.” Once you have everything broken down, 
prioritize the categories. This should be simply which is more important 
to you based on your needs and life-style. If you’re someone who likes 
to blow around on the highway, then the “performance specs” should go 
up high on your list. If you’re looking to haul your twelve kids back and 
forth to band practice, then “driver and passenger comfort” should be 
number one on your list. 

The point we want to make is this: Use the specs to your advantage, and 
move them around until they make sense to you. The manufacturer is 
definitely going to present them in a way that makes the product shine. 
Ask questions about the specs. When it says that the car’s braking dis- 
tance is 20 feet, ask “At what speed was it going?” “What were the road 
conditions?” “How many people were in the car?” These are very 
important if you want to evaluate what the spec “braking distance” truly 
means. 

Okay great, the next time you go out to buy a car, you will know exactly 
what to look for, but what about these wild sampling specs? You’re 
probably thinking, “They don’t look like any thing I’ve ever seen before. 
At least with the car, I know what brakes do!” No problem. The concept 
is exactly the same. Break down all the available specs into different 
categories, and then prioritize this list by your needs and budget. If you 
are unfamiliar with the terms, jump back to the beginning of the book for 
explanations. If you don’t have a sampler yet (which of course, is why 
you’re wading through a section on specs in the first place), try to beg, 
borrow, or steal one, so you can run through the experiments we’ve laid 
out. Things will really start to fall into place for you spec-wise after 
you’ve had a little hands-on experience! 
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In Parts 1 and 2, we went into great detail about Sampling, Voice 
Editing, and Performance Editing features. We’ll start with these three 
categories, but for a more accurate picture, we’ll also add Storage and 
Accessories. First, let’s begin by defining what each category means. 
Then we can begin listing which specs belong in which category. You 
will note that we didn’t explain the meaning of the individual specs in 
each list. If You”re uncomfortable with any of the terms, just refer to the 
appropriate section, or sections, in the book. Remember, this list is just 
a basic guideline. You should think about what features are important to 
you and modify your own list accordingly. 

Sampling Specs 

This term will cover any spec that is used to describe the digital record- 
ing or playing back of an unaltered sound. In most cases, these are the 
most important specs of the entire instrument. No matter how sophisti- 
cated the rest of the machine is or how many features it offers in editing 
or performance, the bottom line is “Garbage In ....Garbage Out.” 

• Sampling Rate 

• Sampling Time (Total Sampling Length) 

• Sampling Resolution (digital resolution) 

• Triggering 

• Variable Input Level 

Voice Specs 

When we speak of editing here, we will be referring to all the features 
that the instrument supports in modifying or coloring the original sound. 
These editing features could be found in either the digital or analog sec- 
tion of the instrument. 

• Envelopes 

• LFO 

• VCF 
VC A 

• Loop 

• Splice 

• Truncate 

• Visual Editing 

Performance Specs 

If your refer back to Editing Performance Parameters, you will recall that 
there are several ways in which sounds can be assigned to the key- 
board, layered on each other, and faded from one sound to another. You 
will also recall how many sounds can be played simultaneously. These 
and many other options that relate directly to the musical performance of 
the sound will be found in this category. 

• Number of voices that can be played 

• Total number of samples 

• Range the sounds can be played in 

• Velocity Switch 

• Velocity cross-fade 

• Number of keys (if any) 

• Number of outputs 
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Storage Specs 

Many instruments offer both on-line and off- ine storage capabilities. 
Things such as disk drive size or memory capacity will obviously be list- 
ed here, as well as how the memory is distributed. Questions like, “How 
much memory can be used for how many samples" and “Can the memo- 
ry distribution be changed by the user” should be answered here. 

• On-board memory size 

• Memory allocation 

• External memory type 

• Size of external memory 

• Mapping or storage sound format 

Accessories/Comments 

In these specs, all the non-sampling features will be listed. Also, you 
should list things that are unique or important, but do not fit into any of 
the standard categories. Some of the ideas might be physical size, war- 
ranty duration, availability of product, etc. 

• Sequencer 

• Separate trigger inputs 

• MIDI Implementation 

• MIDI to sound maps 

• MIDI to key maps 

• Physical size 

• Sound libraries 

The following chart was put together as an illustration that demonstrates 
one possible combination of specs that you might look for when compar- 
ing what’s on the market today. In this test case, we were only interest- 

ed in a few selected specs in each of only three categories: Sampling, 
Editing, and Performance. We gathered the data by using the same 
resources that are available to you. In other words, we phoned the man- 
ufacturers (anonymously) and told them we wanted to buy a sampler. 
The specs on this chart are made up from the brochures (etc.) they sent 
in response. (Not all of them got their info to us in time to print, but they 
all did respond.) 



























































































































10. Test Driving A Sampier 

You can read and study every paper written, but not until you get out 
there and actually try a sampler or two (or three or four) will you ever 
really know what it can really do. Not to sound completely contrary to 
what we’ve just explained about the usefulness of understanding specs, 
but the bottom line test should be hands on. As with any product, such 
as cars, houses, refrigerators, TVs, etc., there are many different mod- 
els ranging in price and features. The first step is narrowing them down 
to the ones that meet your wants and needs. (That’s where the specs 
come in!) Once you ve closed in on a few models, you really have to 
get out there, and do some hands-on playing and listening. 

As we said before, evaluating a sampler is not very different from 
evaluating a car. You would never drop a few thousand down on a car 
until you had a chance to run it out on the road. Having the dealer drive 
you around the lot just wouldn’t be enough to close the deal. You prob- 
ably would want to test that car in all sorts of driving environments, espe- 
cially the ones you would be experiencing every day. Well, when buy- 
ing a sampler, you should follow the same instincts. No, we don’t mean 
climb inside and start blowing down the freeway. We mean that you 
should have some idea of what type of sounds you will be sampling or, 
at least, which types of features you find most creatively satisfying, and 
make sure the instrument can live up to its written specs. 

You don’t have to take the entire Royal Philharmonic into the store for a 
90-hour sampling session. There are a few simple ways of putting the 
machine through its paces without getting yourself thrown out of every 
music store from Jersey to California. 

We’ve outlined a few simple and effective ways that we’ve found to be 
quite useful in evaluating a sampler.They’re not to be perceived as the 
definitive test, nor are they the only ones possible to use on the streets. 
We just wanted to provide some examples to get you started. 

How To Evaluate A Sampler 

Option 1 : Equipment Needed 

A high-quality cassette recording with the following sounds 
recorded on both the Left and Right tracks equally: 

-Sinewave at 1 KHZ, about 30 seconds in length. 

-Sinewave at 1KHZ with slow vibrato (bending about one 
octave), about 60 seconds long. 

- Ride Cymbal crash with about 30 seconds in length 

- Quality cassette tape deck, with stereo line-out features. 

- High-quality mixer with at least two channels and a quality 
play-back system (either headphones or amp and speakers). 

If you do not have a cassette deck or the store will not allow you 
to bring your deck in, then the next option should be to use what 
they have available. 

Option 2: Equipment Needed 

A synthesizer or some sort of signal generator that can produce 
a sinewave around 1KHZ (three octaves above middle C). If 
your synthesizer does not have a sine wave shape, you can 
either create one by filtering any wave shape down to its funda- 
mental or by sending the filter into oscillation by using the reso- 
nance control. Then tune the filter to 1KHZ by using the Cut-Off 
Frequency control. 




• As for the drum sound, you can either use a high-quality drum 
machine if it has a really long cymbal sound or a synthesizer 
with a long decay sound. 


• High-quality mixer with at least two channels and a quality play- 
back system (either headphones or amp and speakers). 

Setup: 


• Take the Right Side Line out from the deck, and plug it into the 
sampling input of the instrument under test. 

• Take the Left Side Line out from the deck, and plug it into chan- 
nel one of a mixer. 

• The audio out of the sampler should go into channel two of the 
mixer. 

• Set the EQ settings of the mixer flat. Turn off all effects send 
and returns. 

• Set the Pan control to center. 

• Set the sampler to the maximum sampling rate, so you will 
achieve the best possible results. 

Testing and Observations: 

Test.... Using the 1KHZ test tone, sample the sound in strict accordance 
with your owner’s manual. Also review the sampling procedure outlined 
in the earlier chapters of this book. 

Observation. ...Notice that when you switch your monitoring from the 
sampler to the tape the signal is different. The amount of difference, bril- 
liance, hiss, noise, etc., is the obvious effect of sampling. This test 
should give you some idea of the instruments frequency response. 

Test.... Using the Cymbal Crash, sample the sound. Once again, pay 
strict attention to the manual for recording procedures. 

Observations... .While you are comparing the original signal with the one 
you have just sampled, listen for the loss of any brilliance. At the end of 
the sample, as it begins to decay, does the signal get very noisy? Are 
there any high- pitched sounds in the sample that are not present on the 
tape? 

Test.... Using the modulated test signal, sample this into your instru- 
ment. 

Observations.... If you listen closely and compare it to the original 
sound, you will notice high pitches that do not follow the test tone’s pitch 
shift. (This is the infamous aliasing that everyone loves to talk about.) 
The level of the aliasing is really the key to take note of, because if 
you’re looking to find an instrument that produces no aliasing under any 
circumstance, you will never buy a sampler. Another point you may 
notice during this test is an increase in the tone of the sample. This is 
most likely due to some amount of harmonic distortion. Once again, you 
may not find an instrument that doesn’t have harmonic distortion, but 
you can find some that have quite a bit less than the others. 

Summary 

As we said earlier, these are not the only tests you should use to judge 
a sampler. They’re simply examples of the kinds of things you should do 
when you want to really check out a machine. You should spend some 
time and really understand the technology you are about to purchase or 
use. The more you educate yourself, the better you will be at developing 
some quick and effective tests for each machine. 
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11. “Who Started All This Anyway?” 

Sampling seems like such a simple process. Plug in a mic, hit record, 
make some noise, and “voilei,” sampling! By now you have read through 
the preceding chapters or have at least glanced through them. Either 
way, you’ll agree that there’s more to sampling than first meets the eye 
(ear?). You should also realize that sampling applications are not as lim- 
ited as many would suggest. 

Digital sampling is an art form and a technology that has been under 
development for decades. This is not to say that, for the last hundred 
years, some mad Rock and Roll scientist has been locked away invent- 
ing a machine to sample the world. The concept of sampling, as we 
know it today, has been evolving since around the turn of the century. 
The desire for the results achieved with sampling go back well beyond 
this century. The rate of evolution has been based on two primary 
forces: creative application and advances in technology. As with most 
advances, the creative or conceptual needs are usually far ahead of the 
technology necessary to implement those needs. Yet both play an equal 
part in its development. 

In tracing the roots of sampling, we should start somewhere around the 
time when great pipe organs began popping up with brass and wind 
instrument stops (switches) on them. This is where musicians first start- 
ed experimenting with the idea of recreating the sound of other instru- 
ments and preforming these sounds from a single keyboard. As time 
and technology progressed, the idea of adding sounds to keyboards 
became more popular. At the beginning of this century, wind, steam, 
and later on electrically powered theater organs were all the rage. 
Remember, these instruments didn’t have sophisticated electronic sound 
sources. They had to rely on a maze of air pumps, brass tubes, levers, 
wires, and springs. So when someone wanted a key to sound like a 
snare drum or play a string part, there had to be some mechanical gizmo 
that would actually hit a real snare drum or draw a real bow across a 
violin’s strings. Consequently, they were at least as much fun to watch 
as they were to listen to! 

Meanwhile, in the late 1800s, a wiseguy by the name of Alexander 
Graham Bell figured out a way to convert sound into electricity. Then in 
the early 1900s, a great New Jerseyian (no, not Springstein, Sinatra, or 
Parcells), Thomas Edison, invented a process for recording this electron- 
ic sound and playing it back at will. As as we said before, technology 
and creativity feed off each other, so here at the birth of a new technolo- 
gy stood the creative masses ready to push it to its limits. 

Towards the end of World War II, Pierre Schaeffer produced several 
studies and works known collectively as “musique concrete.” Any well- 
versed audio engineer knows about the thousands of hours Schaeffer 
spent recording everything and anything that made sound. Once he had 
captured the entire sonic world on tape, he began cutting, splicing, and 
combining these sounds in much the same creative fashion that is used 
today in recording studios and sampling instruments. (Many of the terms 
we use today to describe certain methods of editing were first defined by 
Schaeffer.) 

While Mr. Schaeffer was busy defining what we now casually refer to as 
“sampling techniques,” there were still hundreds of people experimenting 
with different methods of playing various instruments from keyboard-type 
controls. They latched onto this new technology, and set out to find new 
solutions to an old problem: “Get one keyboard to play every sound ever 


In the late ’50s early ’60s, there were basically two schools of thought. 
One school borrowed from Mr. Schaeffer’s experiments and used 
recorded loops of sound on tape. These would play when a key was 
pressed. (Mellotron became one the most successful at this tech- 
nique.) Then there was a group that would rather create sound from 
scratch using electronic components (Moog Synthesizers, Arp 
Instruments, etc.). Once again technology stepped in and set the tone. 
Due to the low cost of the electronic components necessary to build an 
electronic sound device (synthesizer) and the creative flexibility it 
demonstrated (verses the size, cost, and reliability of the tape-style key- 
board), synthesizer development became the focus of that generation. 
Although the skill involved in programming these early synthesizers was 
only mastered by a few, the masses seemed eager and ready to learn. 

As the computer age raced into our lives, it brought with it a wealth of 
new technology and new components. If one component had to be sin- 
gled out as having the biggest impact on the way we record, perform, 
and create music it would have to be the DAC (Digital to Analog 
Converter). This device has the ability to translate a computer’s bits 
and bytes into an electrical signal. This- electrical signal ends up looking 
like the same signal our old buddies Alex Bell and Tom Edison fooled 
with. Now that the masses were armed with a computer-to-audio tool, it 
wasn’t long before someone had a audio-to-computer tool. Sure 
enough, the ADC (Analog to Digital Converter) hit the market. Now the 
only missing ingredient was for some clever person, or persons, to 
apply this technology in an easy to use with musical instrument. 

Looking back, your first reaction might be: “Why didn’t everyone and 
his brother jump onto this can’t miss idea?” “Why was there almost 20 
years between the introduction of the DAC and the release of the first 
musical sampler?” The answer to these questions is quite simple: cost 
of manufacturing and product need. The cost of the components nec- 
essary to build a sampler would have driven the price well past what the 
market would bare at that time. The second and maybe more important 
point was that synthesizers were becoming widely accepted throughout 
the music community. It was commonly felt that the answer to that age- 
old problem of controlling the sonic world from your keyboard was 
answered by the synthesizer. 

Even though it was true that synthesizers offered (and still do!) a diver- 
sity in sonic control that may never be matched, there were still manu- 
facturers and musicians who had not given up on the idea that recorded 
sounds on a performance keyboard could not only be cost effective but 
was still very necessary. They realized that, although synthesizers had 
become a milestone in musical history, and that their use and develop- 
ment would stretch well into the next century, there was still another 
way to get those sounds into their keyboards. 

In 1979 an .Australian company, Fairlight, whose business was primarily 
telecommunications, introduced the C.M.I. (Computer Music 
Instrument). The C.M.I. was initially marketed as a high-end digital syn- 
thesizer that featured, among many other innovative accessories, a dig- 
ital sampler. It was the high-quality sampling that turned the heads of 
most musicians. There was one minor problem: It sold for $28,000.00. 

The year of the dedicated sampler was 1981. E Mu, a small (at the 
time) California company whose product line was limited to modular 
synthesizer cards and a microprocessor-controlled keyboard, intro- 
duced the first dedicated sampling instrument at $7,995.00. Although 
this was a big jump down from the price tag on the C.M.I., the Emulator 
was still a little steep for the masses. Even though it could only store 
two different sounds at a time and the access time to load a sound from 
disk seemed like it took forever, the Emulator really opened the door for 
a new era in creating and performing music. 
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In 1985, Ensoniq, a Pennsylvania company started by a few executive 
engineers from a large computer company, introduced the first widely 
affordable sampler. The Mirage exploited the cost-effective manufactur- 
ing process they had been using at the computer company. They were 
able to get sampling into the hands of the masses. 

The next few years were amazing. It seemed like there were new sam- 
pling companies and products springing up all over. Many of the older, 
more established synthesizer companies began offering new sampling 
products: companies like Sequential Circuits, Roland, Akai, Casio-the 
list goes on. The price range for these instruments also goes on. Some 
are as cheap as $400.00 (Casio SK-1), and some come with price tags 
well over $75,000.00. (You know who you are.) If the ’60s and ’70s will 
be remembered as the birth of the synthesizer, then the digital sampler is 
definitely the instrument of the ’80s. 

In reviewing the advantages of sampling-near-perfect reproduction of 
sound, the ease in which one can use the technology, and the fact that it 
seems to finally respond to the century-old need to control the world from 
one’s keyboard-it would seem like there couldn’t be anything better! If 
there is one thing that should be gotten from all of this, it’s this: Enjoy 
and create with the toys of today, but don’t ever lose sight of the possibil- 
ities of tomorrow. Remember, as long as there are people like Alex Bell, 
Tom Edison, Pete Schaffer, Bob Moog, and Alan R. Pearlman, it’s safe 
to quote that famed philosopher, Yogi Berra, “It ain’t over till it’s over.” 
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Appendix A: Visual Editing Systems 

This listing is a representative sample of various commercially available 
visual editing systems. It is not meant to be a complete listing. When 
you are at your favorite music dealer checking out samplers, be sure to 
check out the visual editors, too! 

DigiDesign 

Sound Designer 

E-MU E-ll Mac 

E-MU Emax 

SCI 2000 

Korg DSS-1 

Akai S-900 

Ensoniq Mirage 

Casio FZ-1 

Softsynth 

(creates 32 oscillator additive and FM sounds that can be dumped to the 
following samplers) 


E-MU 

E-ll 

Mac 

E-MU 

Emax 

u 

SCI 

2000 

u 

Korg 

DSS-1 

u 

Akai 

S-900 

u 

Akai 

X7000 

u 

Akai 

S-612 

u 

Ensoniq 

Mirage 

u 

Casio 

FZ-1 

it 

Roland 

S10 

u 

Blank Software 


Sound Lab 



Ensoniq 

Mirage 

Mac, Amiga 

Drumware 



Soundfiler 



Akai 

S-612 

Atari 

Akai 

X-7000 

<( 

Akai 

S-900 

u 
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Hybrid Art 

Oasis 

Ensoniq Mirage Atari ST 

Sonus 

Sonic Editor 

Ensoniq Mirage Atari ST 

SCI 2000 

Roland 

CRT Port Built In 

Roland S-550 any RGB or composite moitors, TV w/video in’s 
“ S-50 

Steinberg 

Soundworks 

Akai S-900 Atari 1040ST 

Ensoniq Mirage 

Akai S-612 Commodore 64/128 

Turtle Beach Softworks 

Vision 

Ensoniq Mirage IBM PC, XT, AT and compatibles 

Ensoniq Multi-Sampler “ 
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Appendix B: Sampling Sound Libraries 

This listing is a representative sample of the various commercially avail- 
able sampling sound libraries. It is not meant to be a complete listing. 
When you are at your favorite music dealer checking out samplers, be 
sure to check out the sound libraries, too! 


Club 50 

Roland S-50 


Formatted Disks 


EMU Emax 


Formatted Disks 


CSL 

Complete Sample Library (Vol. 1 & 2) Audio Tape 


E-MU 

All Emu samplers 


Formatted Disks 


Ensoniq 

Mirage 


Formatted Disks 


Korg 

Any Sampler 


Audio CD 


Live Wire 

FZ-1 , Mirage 


Formatted Disks 


MIDIMouse Music 

Mirage, Prophet 2000, E-ll 


Formatted Disks 


EMax, S-900, S-50 
Any Sampler 


Audio Tape 


Optical Media 

EMU- Ell, Oberhiem-DPX-1 


CD Rom (Vol 1&2) 


Roland 

Roland Sound Bank 


Formatted Disks 


Sound Ideas 

Sampler Library 


Audio CD (3,100 sounds on six CDs) 


Sampleware 

Ensoniq Mirage 


Formatted Disks 


SCI 2000/2002 


Formatted Disks 


EMU Emulator 


Formatted Disks 


Akai S-900 


Formatted Disks 
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— SECRETS OF ANALOG & DIGITAL SYNTHESIS 

This book provides all of the rules that govern the world of 
and is the foundation book in the Ferro Series. 00605700 
00605701 VIDEO $59.95 


music technology 
BOOK $ 14.95 


— TUNING IN By Scott Wilkinson 

This is the first book available describing the use of microtonality with today’s 
electronic musical instruments. 00183796 $ 14.95 


— THE MIDI BOOK 

The authors provide a step-by-step tour through the com- 
plete world of MIDI, enhanced by over 100 clever 
illustrations. 00605600 $ 14.95 


HAL 
LEONARD^ 
PUBLISHING 


YOUR SOURCE FOR 


—THE MIDI RESOURCE BOOK 

The book contains the official MIDI Specification as 
released by MMA (MIDI Manufacturers Association); 
how to use and read implementation charts; a guide to the 
better on-line sources of MIDI activity; much more. 
00605602 $ 17.95 


HIGHTECH 


— SEQUENCER TRAX — Chart Hits 

A unique publication that contains 9 arrangements o 
music written especially for sequencers. Each arrange 
ment contains from three to five instrumental parts plu; 
a part for drum machine. 00239048 $ 8.95 


PUBLICATIONS! 


— THE MIDI IMPLEMENTATION BOOK 

The complete collection of every MIDI implementation chart ever pro- 
duced throughout the world! 00605601 $ 19.95 



— SEQUENCER TRAX - Velocity Of Love 

Three pieces from this album by Suzanne Ciani, one o 
the most talented and respected new age artists o 
today, arranged for sequencers. Each arrangement con 
tains from five to six instrumental parts, and one include; 
a part for drum machine. 00233455 $ 8.95 


— DRUM MACHINE PATTERNS 

A collection of 300 contemporary rhythm patterns to program into you 
drum machine. 00657370 $ 8.95 


— THE MIDI SYSTEM EXCLUSIVE BOOK 

The data that is the heart and soul of each manufacurer's product is contained in this 
book. 00605603 $ 29.95 


— 260 DRUM MACHINE PATTERNS 

This book is a supplement to the first volume of DRUM MACHINE PATTERNS. In i 
you will find over 260 rhythm patterns and breaks. 00657371 $ 9.95 


— THE SAMPLING BOOK 

This book provides a complete step-by-step presentation of all of the sampling skills 
one would need to master this technology. 00605666 $ 17.95 

— EXPRESSIVE FM APPLICATONS 

Topics covered include: programming expressive sounds; techniques for using MIDI 
controllers; “real-time” programming, for changing sounds as you play; using out- 
board effects. 00500967 $ 19.95 

FM THEORY AND APPLICATONS By John Chowning and David Bristow 

FM synthesis— the method of sound generation used in the Yamaha DX 
synthesizers— has an enormous impact on the musical world in the past few years. 
And here at last is a book that explains it thoroughly. 00500996 $ 29.95 


_BO TOMLYN EDUCATIONAL VIDEO CASSETTE SERIES 

Bo Tomlyn is the internationally recognized master of programming. This series ha: 
captured Tomlyn’s expertise with videos covering subjects that are relevant to today’s 
musicians. Each video retails for $ 59 . 95 . 

00182365 FM Made Easy for Yamaha DX7/DX7II/S 

00183231 Ensoniq ESQ-1 Made Easy 

00183537 Oberheim Matrix 6 Made Easy 

00183494 MIDI Made Easy 

00183190 Roland D-50 Made Easy (for general users) 

— GUITAR SYNTH & MIDI 

This is the first book to explain the new guitar revolution in both theory and practice 
00183704 $ 12.95 


— PERSONAL RECORDING 

Both a general introduction to multitrack recording and a guide to the use of Yamaha 
equipment— especially the MT1X and MT2X multitrack recorders. 00500965 $ 10.95 

_ THE SOUND REINFORCEMENT HANDBOOK By Gary Davis & Ralph Jones 
Here is the definitive book about all aspects of sound reinforcement. Weighing in at 
a hefty 384 pages, with 256 illustrations. 00500964 $ 29.95 

— CASIO FZ-1 & FZ-10M 

This book picks up where the owner’s manual leaves off. It provides practical applica- 
tions for all of the FZ-1 and FZ-10M features. 

00173695 $ 14.95 

— CASIO CZ PATCHES+ - HITS OF THE 80’s 

A book and cassette pak with hot new PATCHES for all CZ synthesizers, PLUS music 
to show them off. 001 73420 $ 14.95 


— D-50 PROGRAMMING & PLAYING GUIDE By Jon F. Eiche 

This book-and-cassette package teaches the functions of the D-50 one at a time, as 

used in altering the factory patches in the instrument. 00657432 $ 14.95 


— SET-UPS 

Set-Ups are quick guides to the most popular synthesizers, samplers, sequencers, 
and drum machines. Step-by-step instructions for every major operation. Printed on 
durable stock and 3-hole punched so they can be kept together in a binder. 


SYNTHESIZER SET-UPS: 

00239054 Yamaha DX7 $9.95 

00239055 Yamaha DX7II $9.95 

00239056 Roland D-50 $9.95 

SAMPLER SET-UPS: 

00239001 Ensoniq Mirage $9.95 

00239002 Casio FZ-1 $9.95 


SEQUENCER SET-UPS: 

00239047 Roland MC-500 . . . $9.95 

DRUM MACHINE SET-UPS: 

00237500 Roland TR-505 $9.95 


— MIND OVER MIDI 

An in-depth guide to the creative applications and theory of MIDI. 001 83497 $ 14.95 

— MULTI-TRACK RECORDING 

An introduction and guide to the latest home recording equipment, how it works, and 
how to use it. 00183503 $ 12.95 

SYNTHESIZER BASICS - The New and Revised Edition 

Here is the fundamental knowledge and information that a beginning or intermediate 
electronic musician must have to understand and play today’s keyboard synthesizers. 
00183705 $ 12.95 

SYNTHESIZER TECHNIQUE - The New and Revised Edition 

Here’s all of the newest information and hands-on practical advice on the basics ol 
MIDI and systems, digital synthesis, FM (Frequency Modulation) synthesis, and sam- 
pling; plus the original vital instruction on recreating timbres, pitch-bending, modula- 
tion and expression, lead synthesizers, soloing and orchestration. 00183706 $ 12.95 

— SYNTHESIZER PROGRAMMING 

SYNTHESIZER PROGRAMMING provides concrete and accessible information that 
helps to make programming less painful and more exciting. Covers: Basic First Steps; 
Fine Points of Basic Patches; Factory Programming; Top Studio Programmers; Addi- 
tive Synthesis; and programming information for a variety of today’s popular synthe- 
sizer brands. 00183703 $ 12.95 

SYNTHESIZERS & COMPUTERS - The New and Revised Edition 

The editors of KEYBOARD magazine have revised and expanded the original edition 
of this book to include the latest in technical advances and creative application for the 
use of computers in music. 00183707 $ 12.95 


— IN’S, OUT’S & THRU’S OF MIDI By Jeff Rona 

This book is a guide for the musician, performer, composer, producer, recording engi- 
neer, computer enthusiast or anyone desiring a good understanding of how to work 
with MIDI. 00183495 $12.95 


Prices subject to change without notice 



For more information, see your local music dealer, or write to: 

HAL LEONARD PUBLISHING CORPORATION 


P.O. Box 13819 • Milwaukee, Wl 53213 
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FERRO 

MUSIC TECHNOLOGY 
SERIES 

The Ferro Series presents the whole picture of music technology in practical, 
easy-to-understand terms for the average person interested in enjoying the full 
benefits that the world of music technology has to offer. Each book covers a 
completely new subject, yet they all interrelate. 

SECRETS OF ANALOG AND DIGITAL SYNTHESIS 

by Steve DeFuria 

This book provides all of the rules that govern the world of music technology and is the 
foundation book in the Ferro Series. For the advanced player or newcomer to the music 
world. Secrets provides information on how to apply these rules to today 's most popu- 
lar instruments (including a special section on programming FM synthesizers, not found 
in any other publication). A must for keyboard players, guitarists, music teachers, drum- 
mers, producers, engineers, and synthesizer programmers. Corresponds w ith “The 
Secrets of Analog and Digital Synthesis Video”. 

00605700 

THE MIDI BOOK 

by Steve DeFuria with Joe Scacciaferro 

Here’s everything you need to know about MIDI, starting w ith a brief explanation of 
w hy and how MIDI works. The authors provide a step-by-step tour through the com- 
plete w orld of MIDI, enhanced by over 100 clever illustrations. A number of practical 
uses of MIDI help you to understand how’ to use MIDI to its fullest potential - all in a 
simple, no nonsense w ay. 

00605600 

THE MIDI REFERENCE BOOKS 

A Series Within A Series 

THE MIDI RESOURCE BOOK 

by Steve DeFuria and Joe Scacciaferro 

For people who have used The MIDI Book, this book is the perfect launching point into 
applying and expanding their knowledge, and will become a constant desk reference. 
The book contains the official MIDI Specification as released by MMA (MIDI Manufac- 
turers Association); how r to use and read implementation charts; a guide to the better 
on-line sources of MIDI activity; much more. Completely cross-referenced w ith the 
MIDI Implementation Book and The MIDI System Exclusive Book. 

00605602 

THE MIDI IMPLEMENTATION BOOK 

By Steve DeFuria and Joe Scacciaferro 

The complete collection of every MIDI implementation chart ever produced through- 
out the world! These charts show’ MIDI applications for every synthesizer, sampler and 
sequencer and can be used by musicians, music retailers, studio engineers and 
producers, computer hobbyists and designers, songwriters, service centers, and design 
engineers. 

00605601 

THE MIDI SYSTEM EXCLUSIVE BOOK 

By Steve DeFuria and Joe Scacciaferro 

The data that is the heart and soul of each manufacturer’s product is contained in this 
book. Until now, this information has never before been made available to the public, 
and is presented here is an easy-to-reference manual. Great for technical people, as well 
as the average musician who has become familiar with using MIDI through other Ferro 
Technology books. 

00605603 



HAL 

LEONARD 

BOOKS 


HL00605666 

U.S. $17.95 


ISBN O-AAlAA-^bb-O 


